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IN THE UNITED STATES ELECTED/DESIGNATED OFFICE 
OF THE UNITED STATES PATENT AND TRADEMARK OFFICE 
UNDER THE PATENT COOPERATION TREATY-CHAPTER II 

5 

PRELIMINARY AMENDMENT 

APPLICANTS: Aubauer, Dr. R., et al. DOCKET NO: 1 12740-327 

SERIAL NO: GROUP ART UNIT: 

10 EXAMINER: 

INTERNATIONAL APPLICATION NO: PCT/DEOO/00859 

INTERNATIONAL FILING DATE: March 20, 2000 

INVENTION: METHOD AND DEVICE FOR RECORDING AND 

PROCESSING AUDIO SIGNALS IN AN ENVIRONMENT 
1 5 FILLED WITH ACOUSTIC NOISE 

Box PCT 

Assistant Commissioner for Patents, 
Washington, D.C. 20231 

20 Sir: 

Please amend the above-identified International Application before entry into the 
National stage before the U.S. Patent and Trademark Office under 35 U.S.C. §371 as 
follows: 

In the Specification: 

25 Please replace the Specification of the present application, including the Abstract, 

with the following Substitute Specification: 

SPECIFICATION 

TITLE OF THE INVENTION 

METHOD AND DEVICE FOR RECORDING AND PROCESSING 
30 AUDIO SIGNALS IN AN ENVIRONMENT FILLED WITH ACOUSTIC NOISE 

BACKGROUND OF THE INVENTION 

Previous methods and devices for recording and processing audio signals (for 
example speech and/or sound signals) in an environment rilled with acoustic noise are 
based either on the use of a first-order directional microphone (gradient microphones) or 
35 on a microphone array having two or more individual microphones (for example ball 
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microphones). In the latter case, additional digital filters are used to match the frequency 
responses of the microphones. 

Both directional microphones and microphone arrays are covered by the generic 
term free-field microphones, whose directivity allows the useful sound and the acoustic 
5 noise to be separated, and whose output signals are added using the "delay and sum 
principle". 

Microphone arrays are arrangements of a number of microphones positioned 
physically separately, whose signals are processed such that the sensitivity of the overall 
arrangement is directional. The directivity results from the propagation time differences 

10 (phase relationships) with which a sound signal arrives at the various microphones in the 
array. Examples of this are so-called gradient microphones or microphone arrays which 
operate on the delay and sum beam-former principle. A problem that arises in the 
practical implementation of microphone arrays is the scatter, resulting from production 
tolerances, in the sensitivity and frequency response of the individual microphones used. 

15 The sensitivity in this case means the characteristic of a microphone to produce an 
electrical signal from a predetermined sound pressure level. The frequency response 
represents the way in which the sensitivity of the microphone varies with frequency. The 
tolerance band stated by the microphone manufacturers is typically between ± 2 and ± 4 
dB. If these microphone characteristics differ within a microphone array, then this has a 

20 negative influence on the frequency response and the directional characteristic of the 
overall arrangement. As a rule, the frequency response has increased ripple, while the 
directivity is considerably reduced. In this context, Table 1 shows the reduction in the 
directivity index of a second-order gradient microphone (microphone array comprising 
two individual cardioid microphones) when the two individual microphones have different 

25 sensitivities. The directivity index in this case indicates the suppression of diffused 
incident sound compared to useful sound from the microphone major axis. 

Until now, the sensitivity and the frequency response of the individual 
microphones in an array have had to be determined by acoustic measurement and have had 
to be matched to one another by suitable electrical amplifiers and filters. The 

30 measurement includes the stimulation of the microphone to be measured using a sound 
reference signal produced via a loudspeaker, and the recording of the electrical signals 
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produced by the microphones. The gain factors and filter parameters required for 
matching are then calculated from the microphone signals, and set as appropriate. 

The acoustic measurement of the microphone parameters involves considerable 
technical complexity and results in corresponding costs for the production of microphone 
arrays. Furthermore, the trimming process is carried out during the production of the 
microphone array, so that it is applicable only to this one operating situation. Other 
operating situations, for example different supply voltages or aging effects of the 
microphones, are ignored. 

A gradient microphone system is known from US-5,463,694, which is based on the 
idea that microphones essentially have the same frequency response and the same 
sensitivity. The term "sensitivity" means the characteristic of a microphone to produce a 
predetermined electrical signal from a predetermined sound pressure level. 

SUMMARY OF THE INVENTION 

An advantage of the present invention is to record and to process audio signals 
with a good useful-signal to noise-signal ratio, in acoustic noise conditions and with a good 
ratio between the direct sound and the reflected sound in an environment which in 
particular has no reverberation. 

According to the invention, there is processing of electrical signals produced by 
conversion of audio signals recorded by a predetermined microphone arrangement in such 
a manner that, if the sound pressure levels at the microphones in the microphone 
arrangement are the same, electrical signals which are produced by these microphones but 
are of different intensity - different sensitivities of the microphones - are automatically 
matched, that is, without any manual matching procedures needing to be carried out 
individually and separately. 

The invention, in this case, pertains to combining the characteristics of an array of 
microphones with those of a method for matching the sensitivity of microphones. 

Advantages of this procedure involve simple implementation in conjunction with 
the (optimum) result achieved in the process and, a good relationship between the 
complexity of the microphone arrangement (arrays) and the result. 

The result which can be achieved using the present invention is considerably better 
than the result which can be achieved by using US Patent 5,463,694. This is shown in the 
following table: 
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The table shows the relationship between the "difference between the sensitivity of 
the microphones (delta)" and the "directivity index" 



Delta (dB) 


Directivity index (dB) 


0 


8.7 


1 


8.4 


2 


8.1 


3 


7.8 


4 


7.5 


5 


7.2 


6 


6.9 



5 Summary: The greater the difference between the sensitivity of the microphones, 

the poorer is the directivity index. 

The method and the device of the invention allow an optimum directivity index to 
be achieved for the microphone arrangement for any environment filled with acoustic 
noise, since it always automatically matches the sensitivity of the microphones. 
10 One parameter for assessing a directional microphone is the directivity index. The 

directivity index means the extent to which diffuse (omnidirectional) incident sound is 
suppressed in comparison to useful sound from the major axis. In this case, the directivity 
index is a logarithmic variable, and is therefore expressed in decibels. . 

The present invention preferably comprises an array of microphones and filters in 
15 order to match the sensitivity of the microphones and to achieve the desired array 
frequency response. 

In comparison to known microphone arrays, which require complicated digital 
filters in order to match the frequency responses of the microphones, the inventive method 
and device require only the sensitivity to be matched. Furthermore, this can be achieved 
20 either by a simple digital filter, or by an analog circuit. 

With the inventive array, in which two simple directional microphones are used, 
directivity indexes are achieved which cannot be achieved with a single directional 
microphone. An array of ball microphones can achieve this result, but only by using more 
than two microphones to form the array. Furthermore, preferably, a filter is required for 
25 each microphone in order to match the frequency responses of the various microphones. 

In order to match the sensitivity of the microphones, the microphones should be 
stimulated using a sound preferably source which is arranged at right angles to the axis of 
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the microphones, in order to calculate the sensitivity correction. However, this is not 

always feasible in practice. 

Alternatively, it is also possible to match the sensitivity independently of the 

position of the sound source. For example, when the sound source has only low-frequency 
5 components whose wavelengths are much longer than the distance between the 

microphones. In a microphone arrangement having two microphones, the wavelength 

should, for example, be greater than twice the distance between the microphones, while 

the wavelength for a microphone arrangement having more than two microphones should 

be greater than the sum of the distances between the individual microphones. 
10 Furthermore, the microphones are preferably positioned in pairs such that their 

major axes lie on a common axis. However, deviations from this are also possible with 
=;f regard to a tilt or adjustment angle, which can vary, for example, in the range between 0° 

J and 40°, and with respect to an offset distance which, for example, is less than or equal to 

the distance between the microphones. In all these different situations, there is preferably 
^ J 15 one reference microphone with a reference major axis with respect to which each of the 
FIJ other microphones in the microphone arrangement is arranged at an adjustment angle to 

l± the major axis and at an offset distance from it. 

The signals from the microphones are processed, for example, by a block in order 
m to match the sensitivity of the microphones. The sum and the difference are then formed 

H 20 from the two signals, and combined to form a linear combination in order to obtain a 

signal with a higher-order directional characteristic than that of the two microphones in the 

array. 

The signal is then processed using a filter in order to achieve the desired array 
frequency response and sensitivity. 

25 Furthermore, it is advantageous if the microphone arrangement is a second-order 

gradient microphone (quadrupole microphone) arranged on an "acoustic boundary surface 
since this improves the ratio between the signal and the self-noise. In acoustics, an 
"acoustic boundary surface" is a hard surface, for example a table in a room, a window 
pane or the roof in a car etc. In this case, the ratio between the useful signal and the 

30 environmental noise is furthermore increased when sound is recorded in situations with 
high environmental noise, for example in vehicles or in public spaces. The subjective 
comprehensibility of recorded speech is thus improved in an environment with 
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reverberation, for example in spaces with highly reflective walls (car, telephone cubicle, 
church, etc.). 

The quadrupole microphone consists of a combination of two first-order gradient 
microphones with a cardioid characteristic, whose output signals are subtracted from one 
5 another. This measure increases the directivity index from 4.8 to 10 dB. The directivity 
index in this case indicates the gain with which the useful signal incident on the 
microphone major axis is amplified in comparison to the diffuse incident noise signal. 
Suitable arrangement of the individual microphones in the quadrupole microphone on a 
boundary surface improves the useful signal sensitivity of the microphone by a further 6 
10 dB, and significantly improves the useful signal to self-noise ratio of higher-order gradient 
microphones, which is in principle low in the lower frequency range. 

A significant advantage of the present invention is that the complexity involved in 
achieving improved useful signals is small in comparison to that of previous solutions. At 
the same time, the external dimensions of the boundary surface quadrupole microphone 
15 are less than with known arrangements of comparable directivity. The proposed 
arrangement avoids interference between the incident direct sound and the sound which is 
reflected by the boundary surface and can interfere with the directivity of a microphone 
close to a boundary surface. 

The boundary-surface construction of the gradient microphone raises the 
20 microphone useful signal incident on the major axis by 6 dB with respect to the 
microphone self-noise. 

Higher-order gradient microphones constructed with a boundary surface can be 
used sensibly wherever high-quality recording of acoustic signals is required in a noisy 
environment. In addition to high noise signal suppression, the high directivity of the 
25 microphone also achieves considerable suppression of reverberation in rooms, so that this 
considerably improves the capability to understand speech, even in quiet rooms. 
Examples for the use of the proposed invention include hands-free devices for telephones 
and automatic voice recognition systems, as well as conference microphones. 

Additional features and advantages of the present invention are described in, and 
30 will be apparent from, the Detailed Description of the Preferred Embodiments and the 
Drawings. 
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BRIEF DESCRIPTION OF THE FIGURES 
Figure 1 is a schematic diagram of a microphone array according to the present 
invention. 

Figure 2 is a schematic diagram of another microphone array according to the 
5 present invention. 

Figure 3 is a schematic diagram of an automatic microphone sensitivity trimming 
for n microphones in an array. 

Figure 4 is a schematic diagram of an automatic microphone sensitivity trimming 
for two microphones, with the signal levels of both microphones being regulated. 
10 Figure 5 is a schematic diagram showing a trimming process according to the 

present invention. 

Figure 6 is a schematic diagram of a trimming apparatus according to the present 
invention. 

Figure 7 is a circuit diagram for sensitivity and frequency response control of 
15 microphones according to the invention. 

Figure 8 is another circuit diagram for sensitivity and frequency response control 
of microphones according to the present invention. 

DETAILED DESCRIPTION OF THE INVENTION 
20 The way in which the sensitivity trimming is carried out is shown in Figures 1 and 

2. If the two microphones have approximately the same frequency response, sensitivity 
trimming in a restricted frequency range is sufficient to achieve the desired directivity over 
the entire transmission band. In practical situations, the condition of "equal frequency 
response" is satisfied to a good approximation. 
25 The filter illustrated in Figure 2 may advantageously be in the form of a low-pass 

filter with a cut-off frequency of, for example, 100 Hz. 

The possible applications for a second-order gradient microphone include all 
situations where good speech transmission is required in noisy surroundings. For 
example, this may be a microphone for a hands-free system in a car, or the microphone for 
30 a voice recognition system operating in the hands-free mode. 
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Automatic trimming of microphone sensitivity 

The present invention can address the problem of microphone sensitivity trimming 
by automatic trimming of the microphone signal levels during operation of the 
microphones in an array. In this case, the existing environmental noise level or useful 
5 signal level is sufficient. The microphone signal levels and amplitudes recorded by the 
microphones are measured and are matched to one another independently of their 
respective phases. In this case, it must be assumed that the sound pressure levels arriving 
at the microphones are virtually the same, or that the discrepancies are considerably less 
than the microphone sensitivity tolerance. This condition is satisfied when the distance 

10 between the sound source which dominates the sound level and the microphone array is 
considerably greater than the distance between the microphones to be trimmed, and no 
pronounced space modes occur. The signal levels can be measured by any type of 
envelope curve measurement or by real root-mean-square value measurement. The time 
constant for this measurement must in this case be longer than the maximum signal 

15 propagation time between the microphones to be trimmed. The sensitivity trimming can 
be carried out by amplification or attenuation in the opposite sense to the discrepancy 
between the signal levels. 

Figure 3 shows the block diagram of the automatic microphone sensitivity 
trimming for n microphones in an array. Microphone 1 is in this case the reference 

20 microphone, to whose microphone signal level the levels of the other microphones 2 to n 
are matched. The circuit diagram is composed of blocks whose gain or attenuation is 
controllable and units for signal level measurement. The measured signal levels are used 
to produce difference or error signals en, which are used as the control variable for the 
variable amplifiers or attenuators. Overall, there are n-1 regulators, whose reference 

25 variable is the signal level of the reference microphone. In order to satisfy the distance 
condition mentioned in the previous paragraph, adjacent microphones can also be trimmed 
in pairs (not shown in Figure 3). 

Figure 4 shows the block diagram of the automatic microphone sensitivity 
trimming for two microphones, with the signal levels of both microphones being 

30 regulated. The advantage of this embodiment over an embodiment with an unregulated 
reference microphone as shown in Figure 3 is that there is less variance between the output 
levels, since it is possible to use the mean sensitivity of the microphones for regulation. 
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The automatic microphone trimming proposed here can be implemented easily in 
terms of circuitry and requires no further trimming steps, such as complex acoustic 
trirnming. This results in clear cost advantages even for small microphone array 
quantities. Furthermore, the method allows continuous trimming, so that it is also possible 
5 to take account of changes in the microphone sensitivity occurring over time. 
Automatic trimming of the microphone frequency response 
Automatic microphone frequency response uirnming is a generalization of 
microphone sensitivity trimming. For frequency trimming, it must be assumed that the 
spectral distribution of the sound arriving at the microphones in the frequency ranges in 

10 which compensation is to be carried out is similar, and that any discrepancies are well 
below the microphone frequency response tolerance bands. This condition is once again 
satisfied for a sound source located well away in comparison to the distance between the 
microphones (see the distance condition, further above). 

The trirnming process is carried out in sub-bands of the microphone transmission 

15 frequency band, and can be carried out by equalization using either appropriate analog or 
digital filters. In the most obvious case, this is a filter structure comprising bandpass 
filters connected in parallel (as shown in Figure 5) or in series, and whose gains can be 
controlled independently of one another. The sum frequency response of the filters for the 
unregulated reference microphone (Figure 5 fil x i, fil^... filxn) is flat in the desired 

20 transmission frequency band. The frequency response of the comparison microphone is 
compared to that of the reference microphone by raising or lowering (amplifying or 
attenuating) the filter sub-bands (fil y i, fil y2 . . - filyn). The control signals gi, g 2 , g„ required to 
do this are derived directly from the error signals (gi - e l( g 2 ~ e 2 ... g n ~ en) obtained for 
the individual frequency bands. A large number of bandpass filters are usually required 

25 for precise trimming. 

The complexity of the filter structure can be reduced considerably if those 
microphone parameters which are dominant in specific frequency bands, such as the 
configuration of the sound inlet opening, the front/back volume, the diaphragm flexibility 
and their electrical equivalent circuits are known, and discrepancies between microphones 

30 can be traced back to changes in individual parameters. The trimming process can be 
carried out with comparatively little complexity by means of appropriate equalization 
filters, which specifically counteract these discrepancies. 
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Figure 6 shows the block diagram of a trimming apparatus which comprises a 
controllable equalization filter, weighting filters and level measurement units. The 
equalization filter is once again actuated via the difference signal e from the level 
measurement units, in which case both the amplitude and the phase frequency response are 
5 generally varied. 

The advantages mentioned for sensitivity trimming also apply to automatic 
trimming of the microphone frequency response. 

Simple control of the sensitivity of micro phones with an integrated amplifier, 
whose operating point can be adjusted by means of external circuitry, for example a field- 
10 effect transistor preamplifier (FEET preamplifier) 

Virtually all the microphone capsules used currently in telecommunications and 
consumer applications are electorate transducers with an integrated field-effect transistor 
preamplifier. These preamplifiers are used to reduce the very high microphone source 
impedance and to amplify the microphone signal. Generally, this represents the source 
15 circuit of a field-effect transistor. The operating point of the transistor, and hence the 
sensitivity of the microphone as well, can be varied by varying the supply impedance and 
the supply voltage. The microphone frequency response can be varied, provided not just 
real but also complex supply impedances are acceptable. 

Figures 7 and 8 each show a circuit for sensitivity and frequency response control 
20 of electronic microphones, which does not require any external, controllable amplifiers or 
attenuators. An implementation provides sensitivity and frequency response control via 
the microphone supply voltage Ul, which, in the case of automatic sensitivity trimming or 
matching, can be derived directly from the difference signal between the measured sound 
levels or signal levels U L = (v*en)+U 0 (v in this case denotes a gain factor and U a constant 
25 voltage parameter, for example the output voltage before sensitivity and frequency 
matching). The control range of the microphone sensitivity by varying the microphone 
supply voltage is up to 25 dB, depending on the supply impedance (see Table 2), 

Alternatively, it is also possible to provide sensitivity and frequency response 
control in such a manner that the microphone supply impedance Z L with a control voltage 
30 Ust which, in the case of automatic sensitivity and frequency response trimming and 
matching, can be derived directly from the difference signal between the measured sound 
levels and signal levels U S t «((v-eb)+Uo*) (v in this case denotes a gain factor and Uo' a 
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constant voltage parameter, for example the output voltage before sensitivity and 

frequency response matching). 

The supply impedance Z L can be controlled electronically by means of a controlled 

field-effect transistor for real values, and by means of a gyrator circuit for complex values. 
5 The control range of the microphone sensitivity via the supply impedance is up to 10 dB, 

depending on the microphone supply voltage (see Table 2). 

One advantage of this type of sensitivity and frequency response control is that the 

circuit complexity is minimized, as well as the costs associated with it. The control range 

is sufficiently high for most applications. 
10 Accordingly, to an embodiment, the present invention provides sensitivity and 

frequency response trimming by the separation of amplitude and phase information from 

the sound arriving at the microphones, which allows automatic trimming while 

microphones are being operated in an array. While the phase relationship is used to form 

the directional characteristic of an array, the amplitude relationship is available for 
15 trimming of the microphone sensitivities and of the amplitude frequency responses. 

Production tolerances relating to these microphone parameters can thus be compensated 

for, so that the desired frequency response and the directional characteristic of the overall 

arrangement are obtained. 

According to an embodiment, the present invention provides sensitivity control of 
20 microphones having an integrated FET preamplifier by the use of the supply voltage or of 

the supply resistance to vary the FET operating point, and hence the gain of the FET 

preamplifier. 

The inventive microphone trimming can be used for all multiple microphone 
arrangements whose directional sensitivity is obtained by using the phase relationships 

25 between the individual microphone signals. These microphone arrangements can sensibly 
be used wherever high-quality recording of acoustic signals is required in a noisy 
environment. The directional characteristic of these arrangements in this case allows 
acoustic noise (environmental noise, reverberation) away from the microphone major axis 
to be attenuated, and adjacent sound sources (other speakers) to be separated. By avoiding 

30 complex acoustic trimming, automatic microphone trimming allows considerable cost 
savings during production, and thus also makes it possible to use microphone arrays in 
consumer applications, for example in hands-free devices for communications terminals or 
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for equipment voice control. Further applications of microphone arrays in which the 
invention can sensibly be used are conference microphones. 

The trimming invention has been implemented in a simple electronic circuit and 
has been tested using a second-order gradient microphone. Gradient microphones are 
5 formed by interconnecting two cardioid microphones, whose sensitivity is automatically 
trimmed by means of the circuit. The sensitivity control for the microphone to be trimmed 
is carried out using the principles of the present invention. Microphone trimming operates 
even at low environmental noise levels (room volume) and is independent of the sound 
incidence direction. 

10 The sensitivity control for microphones with a built-in FET preamplifier can also 

advantageously be used for automatic control of microphone signal levels. These circuits 
are generally referred to as automatic gain control circuits. Practical applications for such 
circuits include all consumer equipment having a microphone recording channel (cassette 
recorders, dictation systems, hands-free telephones, etc.). 

15 Although the present invention has been described with reference to specific 

embodiments, those of skill in the art will recognize that changes may be made thereto 
without departing from the spirit and scope of the invention as set forth in the hereafter 
appended claims. 
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ABSTRACT 

In order to record and to process audio signals with a good useful-signal to noise- 
signal ratio in acoustic noise conditions and with a good ratio between the direct sound 
and the reflected sound in an environment which in particular has no reverberation 
electrical signals produced by conversion of audio signals recorded by a predetermined 
microphone arrangement are processed in such a manner that, if the sound pressure levels 
at the microphones in the microphone arrangement are the same, electrical signals which 
are produced by these microphones but are of different intensity - different sensitivities of 
the microphones - are automatically matched, without any manual matching procedures 
needed to be carried out individually and separately. A microphone arrangement is based 
on combining the characteristics of an array of microphones with those of a method for 
matching the sensitivity of microphones. 

In the claims : 

On the first page of the claims, delete "Patent Claims" in line 1, and substitute 
therefor: 
CLAIMS 

The invention is claimed as follows: 

Please cancel claims 1-35, without prejudice, and substitute therefor claims 36-70. 
36. A method for recording and processing audio signals from a sound source 
in an environment having acoustic noise, comprising the steps of: 

(a) arranging first and second microphones with a predetermined distance 
between the microphones; 

(b) arranging the first and second microphones with respect to a major axis 
defined by the first microphone in such a manner that the second 
microphone is arranged at a predetermined angle to the major axis and/or at 
a predetermined offset distance from the major axis; and 

(c) processing first and second electrical signals respectively produced by the 
first and second microphones by automatically matching the first and 
second electrical signals which have different sensitivities and/or different 
frequency responses. 
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37. The method as claimed in claim 36 wherein the arranging steps further 
comprise arranging a plurality of second microphones relative to the first microphone, 
each second microphone producing a second electrical signal, and wherein the processing 
step further comprises processing the first electrical signal which each second electrical 
signal in pairs by automatically matching respectively difference sensitivities and/or 
frequency responses in the electrical signals produced by the microphones. 

38. The method as claimed in claim 37, wherein when matching for difference 
sensitivities, further comprising the steps of: 

(a) filtering each pair of the first electrical signal and the second electrical 
signal; 

(b) forming signal level differences from the filtered electrical signals; and 

(c) varying the respective signal levels of the unfiltered electrical signals as a 
function of the signal level differences until the signal level differences 
each essentially have a value "0". 

39. The method as claimed in claim 38, further comprising the steps of: 

(a) forming a sum signal and a difference signal for each pair of first and 
second signals from the unfiltered electrical signals; 

(b) forming a joint signal from the respective sum signals and difference 
signals in order to achieve a higher-order directional characteristic by 
forming linear combinations and/or propagation time delays based on the 
delay and sum principle; and 

(c) filtering the joint signal in order to achieve a desired frequency response 
and a desired sensitivity. 

40. The method as claimed in claim 38, further comprising the step of filtering 
each pair of first and second electrical signals when the major axis is arranged essentially 
at right angles to the sound source. 
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41. The method as claimed in claim 38, further comprising the step of low-pass 
filtering each pair of first and second electrical signals when the major axis is not arranged 
essentially at right angles to the sound source, and when only first and second 
microphones are arranged, defining a wavelength of the low-pass-filtered frequencies as 

5 greater than twice the distance between the first and second microphones, and when the 
first microphone and the plurality of second microphones are arranged, defining a 
wavelength of the low-pass-filtered frequencies as greater than a sum of the distances 
between the individual microphones. 

42. The method as claimed in claim 37, wherein when matching different 
1 0 sensitivities, further comprising the steps of: 

(a) measuring signal levels of both the first electrical signal and the second 
electrical signal for each pair of first and second electrical signals; 

(b) forming signal level differences from the measured signal levels; and 

(c) varying the respective signal levels of the electrical signals as a function of 
15 the signal level differences until the signal level differences each essentially 

have a value "0". 

43. The method as claimed in claim 42, further comprising the steps of: 

(a) forming a sum signal and a difference signal for each pair of first and 
second electrical signals; 

20 (b) forming a joint signal from the respective sum signals and difference 

signals in order to achieve a higher-order directional characteristic by 
forming linear combinations and/or propagation time delays based on a 
delay and sum principle; and 

(c) filtering the joint signal in order to achieve a desired frequency response 
25 and desired sensitivity. 

44. The method as claimed in claim 37, wherein when matching different 
frequency responses, further comprising the steps of: 
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(a) filtering the first electrical signal and the second electrical signal n times 
where neN; 

(b) measuring signal levels of both the filtered first electrical signal and the 
filtered second electrical signal; 

5 (c) forming signal level differences from the measured signal levels of the 

filtered electrical signals; and 

(d) varying the respective signal levels relating to the filtering of the electrical 
signals as a function of the signal level differences until the signal level 
differences each essentially have a value "0". 

10 45. The method as claimed in claim 44, wherein the first electrical signal and 

the second electrical signal are bandpass-filtered n times where neN. 

46. The method as claimed in claim 44 further comprising the steps of: 

(a) forming a sum signal and a difference signal for each pair of the first 
electrical signal or first total signal of the n-times filtered first electrical 

15 signal, and a second total signal of the n-times filtered second electrical 

signal; 

(b) forming a joint signal from the respective sum signals and difference 
signals in order to achieve a higher-order directional characteristic by 
forming linear combinations and/or propagation time delays based on the 

20 delay and sum principle; and 

(c) filtering the joint signal in order to achieve a desired frequency response 
and a desired sensitivity. 

47. The method as claimed in claim 37, wherein when matching different 
frequency responses, further comprising the steps of: 

25 (a) filtering at least one of the first electrical signal and the second electrical 

signal for equalization; 
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(b) filtering the first electrical signal and the second electrical signal for 
weighting; 

(c) measuring signal levels of both the weighted first electrical signal and the 
weighted second electrical signal; 

(d) forming signal level differences from the measured signal levels of the 
weighted electrical signals; and 

(e) varying the respective signal levels relating to the equalization filtering of 
the electrical signals as a function of the signal level differences until the 
signal level differences each essentially have a value "0". 

48. The method as claimed in claim 47, further comprising the steps of: 

(a) forming a sum signal and a difference signal for each pair of first and 
second signals from the first electrical signal or from the equalized first 
electrical signal, and from the equalized second electrical signals; 

(b) forming a joint signal from the respective sum signals and difference 
signals in order to achieve a higher-order directional characteristic by 
forming linear combinations and/or propagation time delays based on the 
delay and sum principle; and 

(c) filtering the joint signal in order to achieve a desired frequency response 
and desired sensitivity. 

49. The method as claimed in claim 36> wherein the step of arranging first and 
second microphones further comprises arranging two directional or gradient microphones. 

50. The method as claimed in claim 37, wherein arranging the first microphone 
and the plurality of second microphones comprises the step of arranging three ball 
microphones. 

5 1 . The method as claimed in claim 36, wherein the predetermined angle is in 
the range of from about 0° to about 40°. 
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52. The method as claimed in claim 36, wherein the offset distance is less than 
or equal to the distance between the first and second microphones. 



53. The method as claimed in claim 36, wherein the first and second 
microphones are arranged on an acoustic boundary surface. 

5 54. A device for recording and processing audio signals from a sound source in 

an environment having acoustic noise, comprising: 

(a) a microphone arrangement having at least two microphones arranged in 
pairs with a predetermined distance between the microphones in each a pair 
of microphones; 

10 (b) a first microphone and at least one second microphone of the at least two 

microphones being arranged with respect to a major axis, which is defined 
by the first microphone, in such a manner that the at least one second 
microphone is arranged at a predetermined angle to the major axis and/or at 
a predetermined offset distance from the major axis; 

15 (c) a first filter which filters a first electrical signal produced by the first 

microphone and a second electrical signal produced by the second 
microphone, the first and second signals having different sensitivities 
and/or frequency responses; 

(d) means for forming signal level differences in pairs from the filtered 
20 electrical signals; and 

(e) a controller connected to the means for forming signal level differences 
which at least partially varies the respective signal levels of the unfiltered 
electrical signals as a function of the signal level differences, until the 
signal level differences each essentially have a value "0". 

25 55. The device claimed in claim 54, further comprising: 

(a) sum formation means which forms sum signals and difference signals in 
pairs from the unfiltered electrical signals; 
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(b) means for forming linear combinations and/or propagation time delays 
which each form a joint signal from the respective sum signals and 
difference signals in order to achieve a higher-order directional 
characteristic based on the delay and sum principle; and 

5 (c) a second filter which filters the joint signal in order to achieve a desired 

frequency response and a desired sensitivity. 

56. The device as claimed in claim 55, wherein the first filter is one of a low- 
pass, high-pass or bandpass filter, when the sound source is arranged essentially at right 
angles to the major axis. 

10 57. The device as claimed in claim 56, wherein the first filter is a low-pass 

filter when the sound source is not arranged essentially at right angles to the major axis 
and a wavelength of the low-pass-filtered frequencies with the microphone arrangement 
having two microphones is greater than twice the distance between the microphones, and, 
with the microphone arrangement having more than two microphones, is greater than the 

1 5 sum of the distances between the individual microphones. 

58. A device for recording and processing audio signals from a sound source in 
an environment having acoustic noise, comprising: 

(a) a microphone arrangement having at least two microphones arranged in 
pairs with a predetermined distance between the microphones in each pair 

20 of microphones; 

(b) a first microphone and at least one second microphone of the at least two 
microphones being arranged with respect to a major axis, which is defined 
by the first microphone, in such a manner that the at least one second 
microphone is arranged at a predetermined angle to the major axis and/or at 

25 a predetermined offset distance from the major axis and the first 

microphone; 

(c) means for measuring signal levels from a first electrical signal produced by 
conversion by the first microphone and from a second electrical signal 
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produced by conversion by each second microphone, with the signals 
having different sensitivities; 



(d) means for forming signal level differences in pairs from the measured 
electrical signals; and 

5 (e) a controller connected to the means for forming signal level differences 

which at least partially varies the electrical signals as a function of the 
signal level differences relating to the respective signal level, until the 
signal level differences each essentially have a value of "0". 

59. The device as claimed in claim 58, further comprising; 

10 (a) a sum formation means which forms sum signals and difference signals in 

pairs from the electrical signals; 

(b) means for forming linear combinations and/or propagation time delays 
which each form a joint signal from the respective sum signals and 
difference signals in order to achieve a higher-order directional 

15 characteristic based on the delay and sum principle; and 

(c) a filter which filters the joint signal in order to achieve a desired frequency 
response and a desired sensitivity. 

60. A device for recording and processing audio signals from a sound source in 
an environment having acoustic noise, comprising: 

20 (a) a microphone arrangement having at least two microphones arranged in 

pairs with a predetermined distance between the microphones in each pair 
of microphones; 

(b) a first microphone and at least one second microphone of the at least two 
microphones being arranged with respect to a major axis, which is defined 

25 by the first microphone, in such a manner that the second microphone is 

arranged at a predetermined angle to the major axis and/or at a 
predetermined offset distance from the major axis and the first microphone; 

(c) filters which filter a first electrical signal produced by conversion by the 
first microphone and a second electrical signal produced by conversion by 
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each second microphone, with the signals having different frequency 
responses n times where n€N; 

(d) means for measuring signal levels of the filtered first and second signals; 

(e) means for forming signal level differences in pairs from the filtered 
5 electrical signals; and 

(f) a controller connected to the means for forming signal level differences 
which at least partially varies the respective signal levels of the filtering of 
the electrical signals as a function of the signal level differences until the 
signal level differences each essentially have a value "0". 

10 61. The device as claimed in claim 60, wherein the filter is a bandpass filter. 

62. The device as claimed in claim 61, further comprising: 

(a) sum formation means which forms sum signals and difference signals in 
pairs from the first electrical signal or from a first total signal of the n-times 
filtered first electrical signal, and from a second total signal of the n-times 

1 5 filtered second electrical signal; 

(b) means for forming linear combinations and/or propagation time delays 
which each form a joint signal form the respective sum signals and 
difference signals in order to achieve a higher-order directional 
characteristic based on the delay and sum principle; and 

20 (c) a filter which filters the joint signal in order to achieve desired frequency 

response and a desired sensitivity. 

63. A device for recording and processing audio signals from a sound source, 
in an environment having acoustic noise, comprising: 

(a) a microphone arrangement having at least two microphones arranged in 
25 pairs with a predetermined distance between the microphones in each pair 

of microphones; 

(b) a first microphone and at least one second microphone of the at least two 
microphones being arranged with respect to a major axis, which is defined 
by the first microphone, in such a manner that the second microphone is 
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arranged at a predetermined angle to the major axis and/or at a 
predetermined offset distance from the major axis and the first microphone; 

(c) equalization filters which filter a first electrical signal produced by 
conversion by the first microphone and a second electrical signal produced 
by conversion by each second microphone, with the signals having 
different frequency responses; 

(d) weighting filters which filter the first electrical signal and the second 
electrical signal; 

(e) means for measuring signal levels of the filtered first electrical signal and 
of the filtered second electrical signal; 

(f) means for forming signal level differences in pairs from the filtered 
electrical signals; and 

(g) a controller connected to the means for forming signal level differences 
which at least partially varies the respective signal levels of the equalization 
-filtering of the electrical signals as a function of the signal level differences 
until the signal level differences each essentially have a value "0". 

64. The device as claimed in claim 63, further comprising: 

(a) sum formation means which forms sum signals and difference signals in 
pairs from the first electrical signal or from the equalized first electrical 
signal, and from the equalized second electrical signal; 

(b) means for forming linear combination and/or propagation time delays 
which each form a joint signal from the respective sum signals and 
difference signals in order to achieve a higher-order directional 
characteristic based on the delay and sum principle; and 

(c) a filter which filters the joint signal in order to achieve a desired frequency 
response and a desired sensitivity. 

65. The device as claimed in claim 54, wherein if the microphone has an 
integrated amplifier having an operating point which can be adjusted by external 
circuitry, the controller is designed in such a manner that 
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(a) sensitivity and/or the frequency response can be controlled via a 
microphone supply voltage which is obtained from the sum of a constant 
voltage and the product of a signal level difference signal and a gain factor, 
or 

(b) a microphone feed impedance can be adjusted via a physical control 
variable, which is proportional to the product of a signal level difference 
signal and a gain factor, supplemented by a constant variable, in such a 
manner that the sensitivity and/or frequency response are controllable. 

66. The device as claimed in claim 54, wherein the microphone arrangement 
has two directional or gradient microphones. 

67. The device as claimed in claim 54, wherein the microphone arrangement 
has three ball microphones. 

68. The device as claimed in claim 54, wherein the angle is in the range of 
from about 0° to about 40°. 

69. The device as claimed in claim 54, wherein the offset distance is less than 
or equal to the distance between the microphones. 

70. The device as claimed in claim 54, wherein the microphone arrangement is 
arranged on an acoustic boundary surface. 



REMARKS 

The present amendment makes editorial changes and corrects typographical errors 
in the specification, which includes the Abstract, in order to conform the specification to 
the requirements of United States Patent Practice. No new matter is added thereby. 
Attached hereto is a marked-up version of the changes made to the specification by the 
present amendment. The attached page is captioned " Version With Markings To Show 
Changes Made". 

In addition, the present amendment cancels original claims 1-35 in favor of new 
claims 36-70. Claims 36-70 have been presented solely because the revisions by red- 
lining and underlining which would have been necessary in claims 1-35 in order to present 
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those claims in accordance with preferred United States Patent Practice would have been 
too extensive, and thus would have been too burdensome. The present amendment is 
intended for clarification purposes only and not for substantial reasons related to 
patentability pursuant to 35 USC §§103, 102, 103 or 112. Indeed, the cancellation of 
5 claims 1-35 does not constitute an intent on the part of the Applicants to surrender any of 
the subject matter of claims 1-35. 



Early consideration on the merits is respectfully requested. 



Respectfully submitted, 
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Chicago, Illinois 60690-1135 
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VERSIONS WITH MARKINGS TO SHOW CHANGES MADE 
In The Specification: 

The Specification of the present application, including the Abstract, has been 
amended as follows: 
5 SPECIFICATION 

TITLE OF THE INVENTION 

METHOD AND DEVICE FOR RECORDING AND PROCESSING 

AUDIO SIGNALS IN AN ENVIRONMENT FILLED WITH ACOUSTIC NOISE 

BACKGROUND OF THE INVENTION 

10 D e scription 

Method and dovico for r e cording and proo e ssing audio oignals in an environment filled 
with acouotic noise 

Previous methods and devices for recording and processing audio signals (for 
15 example speech and/or sound signals) in an environment filled with acoustic noise are 
based either on the use of a first-order directional microphone (gradient microphones) or 
on a microphone array having two or more individual microphones (for example ball 
microphones). In the latter case, additional digital filters are used to match the frequency 
responses of the microphones. 
20 Both directional microphones and microphone arrays are covered by the generic 

term free-field microphones, whose directivity allows the useful sound and the acoustic 
noise to be separated, and whose output signals are added using the "delay and sum 
principle". 

Microphone arrays are arrangements of a number of microphones positioned 
25 physically separately, whose signals are processed such that the sensitivity of the overall 
arrangement is directional. The directivity results from the propagation time differences 
(phase relationships) with which a sound signal arrives at the various microphones in the 
array. Examples of this are so-called gradient microphones or microphone arrays which 
operate on the delay and sum beam-former principle. A problem that arises in the 
30 practical implementation of microphone arrays is the scatter, resulting from production 
tolerances, in the sensitivity and frequency response of the individual microphones used. 
The sensitivity in this case means the characteristic of a microphone to produce an 
electrical signal from a predetermined sound pressure level. The frequency response 
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represents the way in which the sensitivity of the microphone varies with frequency. The 
tolerance band stated by the microphone manufacturers is typically between ± 2 and ± 4 
dB. If these microphone characteristics differ within a microphone array, then this has a 
negative influence on the frequency response and the directional characteristic of the 
5 overall arrangement. As a rule, the frequency response has increased ripple, while the 
directivity is considerably reduced. In this context, Table 1 shows the reduction in the 
directivity index of a second-order gradient microphone (microphone array comprising 
two individual cardioid microphones) when the two individual microphones have different 
sensitivities. The directivity index in this case indicates the suppression of diffused 

10 incident sound compared to useful sound from the microphone major axis. 

Until now, the sensitivity and the frequency response of the individual 
microphones in an array have had to be determined by acoustic measurement and have had 
to be matched to one another by suitable electrical amplifiers and filters. The 
measurement includes the stimulation of the microphone to be measured using a sound 

15 reference signal produced via a loudspeaker, and the recording of the electrical signals 
produced by the microphones. The gain factors and filter parameters required for 
matching are then calculated from the microphone signals, and set as appropriate. 

The acoustic measurement of the microphone parameters involves considerable 
technical complexity and results in corresponding costs for the production of microphone 

20 arrays. Furthermore, the trimming process is carried out during the production of the 
microphone array, so that it is applicable only to this one operating situation. Other 
operating situations, for example different supply voltages or aging effects of the 
microphones, are ignored, 

A gradient microphone system is known from US-5,463,694, which is based on the 

25 idea that microphones essentially have the same frequency response and the same 
sensitivity. The term "sensitivity" means the characteristic of a microphone to produce a 
predetermined electrical signal from a predetermined sound pressure level. 

SUMMARY OF THE INVENTION 
Th e object on which An advantage of the present invention is bas e d is to record 
30 and to process audio signals with a good useful-signal to noise-signal ratio in acoustic 
noise conditions and with a good ratio between the direct sound and the reflected sound in 
an environment which in particular has no reverberation. 
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This objoot is aohioved by tho foaturoo of patont claims 1 and 19. 

Tho idoa on which A ccording to the invention^ is baood there is #*e processing of 
electrical signals produced by conversion of audio signals recorded by a predetermined 
microphone arrangement in such a manner that, if the sound pressure levels at the 
microphones in the microphone arrangement are the same, electrical signals which are 
produced by these microphones but are of different intensity - different sensitivities of the 
microphones - are automatically matched, that is to oay A without any manual matching 
procedures needing to be carried out individually and separately. 

The invention is A in this case bas e d on the id e a o f , pertains to combining the 
characteristics of an array of microphones with those of a method for matching the 
sensitivity of microphones. 

Th e advantages Advantages of this procedure are, firstly, involve simple 
implementation in conjunction with the (optimum) result achieved in the process and, 
secondly, th o a good relationship between the complexity of the microphone arrangement 
(arrays) and the result. 

The result which can be achieved using the present invention is considerably better 
than the result which can be achieved by using US Patent 5,463,694. This is shown in the 
following table: 

The table shows the relationship between the "difference between the sensitivity of 
the microphones (delta)" and the "directivity index" 



Delta (dB) 


Directivity index 
(dB) 


-0 


8.7- 


1 


8.4 


-2 


8.1- 


3 


7.8 


-4 


7.5- 


5 


7.2 


-6 


6.9 



Summary: The greater the difference between the sensitivity of the microphones, 
the poorer is the directivity index. 

The method and the device of the invention allow an optimum directivity index to 
be achieved for the microphone arrangement for any environment filled with acoustic 
noise, since it always automatically matches the sensitivity of the microphones. 
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One parameter for assessing a directional microphone is the directivity index. 
ExproGGod in cl e ar t e rms, this The directivity index means the extent to which diffuse 
(omnidirectional) incident sound is suppressed in comparison to useful sound from the 
major axis. In this case, the directivity index is a logarithmic variable, and is therefore 
expressed in decibels. 

Advantagoous developments of the invontion aro opacified in tho dop e nd e nt claims. 
The propoood solution present invention preferably comprises an array of 
microphones and filters in order to match the sensitivity of the microphones and to achieve 
the desired array frequency response. 

In comparison to known microphone arrays, which require complicated digital 
filters in order to match the frequency responses of the microphones, the proposed 
inventive method and th e proposed device require only the sensitivity to be matched. 
Furthermore, this can be achieved either by a simple digital filter, or by an analog circuit. 

With the propoood inventive array, in which two simple directional microphones 
are used ** » th e simplest caso , directivity indexes are achieved which cannot be achieved 
with a single directional microphone. An array of ball microphones can achieve this 
result, but only by using more than two microphones to form the array. Furthermore, 
preferably, a filter is required for each microphone in order to match the frequency 
responses of the various microphones. 

In order to match the sensitivity of the microphones, the microphones should be 
stimulated using a sound preferably source which is arranged at right angles to the axis of 
the microphones, in order to calculate the sensitivity correction. However, this is not 
always feasible in practice. 

Alternatively, it is also possible to match the sensitivity independently of the 
position of the sound source* How e ver, this is only foaoiblo for example, when the sound 
source has only low-frequency components whose wavelengths are much longer than the 
distance between the microphones. In a microphone arrangement having two 
microphones, the wavelength should, for example, be greater than twice the distance 
between the microphones, while the wavelength for a microphone arrangement having 
more than two microphones should be greater than the sum of the distances between the 
individual microphones. 
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Furthermore, the microphones are preferably positioned in pairs such that their 
major axes lie on a common axis. However, deviations from this are also possible with 
regard to a tilt or adjustment angle, which can vary, for example, in the range between 0° 
and 40°, and with respect to an offset distance which, for example, is less than or equal to 
5 the distance between the microphones. In all these different situations, there is preferably 
always one reference microphone with a reference major axis with respect to which each 
of the other microphones in the microphone arrangement is arranged at an adjustment 
angle to the major axis and at an offset distance from it. 

The signals from the microphones are processed, for example, by a block in order 
10 to match the sensitivity of the microphones. The sum and the difference are then formed 
from the two signals, and combined to form a linear combination in order to obtain a 
signal with a higher-order directional characteristic than that of the two microphones in the 
array. 

Finally, th e The signal is then processed using a filter in order to achieve the 

1 5 desired array frequency response and sensitivity. 

Furthermore, it is advantageous if the microphone arrangement is a second-order 
gradient microphone (quadrupole microphone) arranged formed with boundary s urface ( on 
an "acoustic boundary surfaced since this improves the ratio between the signal and the 
self-noise. 4In acoustics, an ".acoustic boundary surface" is a hard surface, for example a 

20 table in a room, a window pane or the roof in a car etc.4 In this case, the ratio between the 
useful signal and the environmental noise is furthermore increased when sound is recorded 
in situations with high environmental noise, for example in vehicles or in public spaces. 
The subjective comprehensibility of recorded speech is thus improved in an environment 
with reverberation, for example in spaces with highly reflective walls (car, telephone 

25 cubicle, church , etc.) . 

The quadrupole microphone consists of a combination of two first-order gradient 
microphones with a cardioid characteristic, whose output signals are subtracted from one 
another. This measure increases the directivity index from 4.8 to 10 dR The directivity 
index in this case indicates the gain with which the useful signal incident on the 

30 microphone major axis is amplified in comparison to the diffuse incident noise signal. 
Suitable arrangement of the individual microphones in the quadrupole microphone on a 
boundary surface improves the useful signal sensitivity of the microphone by a further 6 
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dB, and significantly improves the useful signal to self-noise ratio of higher-order gradient 
microphones, which is in principle low in the lower frequency range. 

A major foaturo significant advantag e of the proposed solution present invention is 
that the complexity involved in achieving improved useful signals is small in comparison 
to that of previous solutions. At the same time, the external dimensions of the boundary 
surface quadrupole microphone are less than with known arrangements of comparable 
directivity. The proposed arrangement avoids interference between the incident direct 
sound and the sound which is reflected by the boundary surface and can interfere with the 
directivity of a microphone close to a boundary surface. 

The boundary-surface construction of the gradient microphone raises the 
microphone useful signal incident on the major axis by 6 dB with respect to the 
microphone self-noise. 

Higher-order gradient microphones constructed with a boundary surface can be 
used sensibly wherever high-quality recording of acoustic signals is required in a noisy 
environment. In addition to high noise signal suppression, the high directivity of the 
microphone also achieves considerable suppression of reverberation in rooms, so that this 
considerably improves the capability to understand speech, even in quiet rooms. 
Examples for the use of the proposed invention include hands-free devices for telephones 
and automatic voice recognition systems, as well as conference microphones. 

Additional features and adv antages of the present invention are described in. and 
will be apparent from, the Detailed D e scription of the Preferred Embodiments and the 
Drawings. 

BRIEF DESCRIPTION OF THE FIGURES 

Figure 1 is a schematic diagram of a microphone array according to the p resent 
invention. 

Figure 2 is a schematic diagram of another microphone array according to the 

present invention- 
Figure 3 is a schematic diagram of a n automatic microphone sensitivity trimming 

for n microphones in an array. 

Figure 4 is a s chematic diagram of an automatic microphone sensitivity trimming 
for two microphones, with the sign a l levels of both microphones being regulated. 
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Figure 5 is a schematic diagram showing a trimming process accordine to the 
present invention. 

Figure 6 is a schematic diagram of a trimming apparatus according to the present 
invention. 

Figure 7 is a circuit d iagram for sensitivity and frequency response control of 
microphones according to the invention. 

Figure 8 is another circ uit diagram for sensitivity and frequency response control 
of micro phones according to the present invention. 

DETAILED DESCRIPTION OF THE INVENTION 

Ex e mplary embodiments of tho invention will bo oxploinod with roforonco to 
Figuroo 1 to 8. 

The way in which the sensitivity trimming is carried out is shown in Figures 1 and 
2. If the two microphones have approximately the same frequency response, sensitivity 
trimming in a restricted frequency range is sufficient to achieve the desired directivity over 
the entire transmission band. In practical situations, the condition of "equal frequency 
response" is satisfied to a good approximation. 

The filter illustrated in Figure 2 may advantageously be in the form of a low-pass 
filter with a cut-off frequency of, for example, 100 Hz. 

The possible applications for a second-order gradient microphone include all 
situations where good speech transmission is required in noisy surroundings. For 
example, this may be a microphone for a hands-free system in a car, or the microphone for 
a voice recognition system operating in the hands-free mode. 
Automatic trimming of microphone sensitivity 

The propoood solution to present invention can address the problem of microphone 
sensitivity trimming is baood on by automatic trimming of the microphone signal levels 
during operation of the microphones in an array. In this case, the existing environmental 
noise level or useful signal level is sufficient. The microphone signal levels and 
amplitudes recorded by the microphones are measured and are matched to one another 
independently of their respective phases. In this case, it must be assumed that the sound 
pressure levels arriving at the microphones are virtually the same, or that the discrepancies 
are considerably less than the microphone sensitivity tolerance. This condition is satisfied 
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when the distance between the sound source which dominates the sound level and the 
microphone array is considerably greater than the distance between the microphones to be 
trimmed, and no pronounced space modes occur. The signal levels can be measured by 
any type of envelope curve measurement or by real root-mean-square value measurement. 
5 The time constant for this measurement must in this case be longer than the maximum 
signal propagation time between the microphones to be trimmed. The sensitivity trimming 
can be carried out by amplification or attenuation in the opposite sense to the discrepancy 
between the signal levels. 

Figure 3 shows the block diagram of the automatic microphone sensitivity 

10 trimming for n microphones in an array. Microphone 1 is in this case the reference 
microphone, to whose microphone signal level the levels of the other microphones 2 to n 
are matched. The circuit diagram is composed of blocks whose gain or attenuation is 
controllable and units for signal level measurement. The measured signal levels are used 
to produce difference or error signals e„, which are used as the control variable for the 

15 variable amplifiers or attenuators. Overall, there are n-1 regulators, whose reference 
variable is the signal level of the reference microphone. In order to satisfy the distance 
condition mentioned in the previous paragraph, adjacent microphones can also be trimmed 
in pairs (not shown in Figure 3). 

Figure 4 shows the block diagram of the automatic microphone sensitivity 

20 trimming for two microphones, with the signal levels of both microphones being 
regulated. The advantage of this solution embodiment over a solution an embodiment 
with an unregulated reference microphone as shown in Figure 3 is that there is less 
variance between the output levels, since it is possible to use the mean sensitivity of the 
microphones for regulation. 

25 The automatic microphone trimming proposed here can be implemented easily in 

terms of circuitry and requires no further trimming steps, such as complex acoustic 
trimming. This results in clear cost advantages even for small microphone array 
quantities. Furthermore, the method allows continuous trimming, so that it is also possible 
to take account of changes in the microphone sensitivity occurring over time. 

30 Automatic trimming of the microphone frequency response 

Automatic microphone frequency response trimming is a generalization of 
microphone sensitivity trimming. For frequency trimming, it must be assumed that the 
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spectral distribution of the sound arriving at the microphones in the frequency ranges in 
which compensation is to be carried out is similar, and that any discrepancies are well 
below the microphone frequency response tolerance bands. This condition is once again 
satisfied for a sound source located well away in comparison to the distance between the 
microphones (see the distance condition, further above). 

The trimming process is carried out in sub-bands of the microphone transmission 
frequency band, and can be carried out by equalization using either appropriate analog or 
digital filters. In the most obvious case, this is a filter structure comprising bandpass 
filters connected in parallel (as shown in Figure 5) or in series, and whose gains can be 
controlled independently of one another. The sum frequency response of the filters for the 
unregulated reference microphone (Figure 5 fil xl , fil x2 ... fil xn ) i s flat in the desired 
transmission frequency band. The frequency response of the comparison microphone is 
compared to that of the reference microphone by raising or lowering (amplifying or 
attenuating) the filter sub-bands (fil yl , fil y2 ... fil^). The control signals g,, g 2) g n required 
to do this are derived directly from the error signals (g, ~ e,, g 2 ~ e 2 ... g n ~ e,) obtained for 
the individual frequency bands. A large number of bandpass filters are usually required 
for precise triniiriing. 

The complexity of the filter structure can be reduced considerably if those 
microphone parameters which are dominant in specific frequency bands, such as the 
configuration of the sound inlet opening, the front/back volume, the diaphragm flexibility 
and their electrical equivalent circuits are known, and discrepancies between microphones 
can be traced back to changes in individual parameters. The trimming process can be 
carried out with comparatively little complexity by means of appropriate equalization 
filters, which specifically counteract these discrepancies. 

Figure 6 shows the block diagram of a trimming apparatus which comprises a 
controllable equalization filter, weighting filters and level measurement units. The 
equalization filter is once again actuated via the difference signal e from the level 
measurement units, in which case both the amplitude and the phase frequency response are 
generally varied. 

The advantages mentioned for sensitivity trimming also apply to automatic 
rrirnming of the microphone frequency response. 
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Simple control of the se nsitivity of microphones with an integrated amplifier, whose 
o perating point can be adjusted bv means of external circuitry, for example a field-effect 
transistor preamplifier fFET preamplifier) 

5 Virtually all the microphone capsules used currently in telecommunications and 

consumer applications are electret transducers with an integrated field-effect transistor 
preamplifier. These preamplifiers are used to reduce the very high microphone source 
impedance and to amplify the microphone signal. Generally, this represents the source 
circuit of a field-effect transistor. The operating point of the transistor, and hence the 
10 sensitivity of the microphone as well, can be varied by varying the supply impedance and 
the supply voltage. The microphone frequency response can be varied, provided not just 
real but also complex supply impedances are acceptable. 

Figures 7 and 8 each show the a circuit for simpl e sensitivity and frequency 
response control of eieeteet electronic microphones, which does not require any external, 
15 controllable amplifiers or attenuators. Th e cimplost An implementation io for provides 
sensitivity and frequency response control via the microphone supply voltage U L , which, 
in the case of automatic sensitivity trimming or matching, can be derived directly from the 
difference signal between the measured sound levels or signal levels U L = (vcO+Uo (v in 
this case denotes a gain factor and U a constant voltage parameter, for example the output 
20 voltage before sensitivity and frequency matching). The control range of the microphone 
sensitivity by varying the microphone supply voltage is up to 25 dB, depending on the 
supply impedance (see Table 2). 

Alternatively, it is also possible to provide sensitivity and frequency response 
control in such a manner that the microphone supply impedance Z L [lacuna] with a control 
voltage U ST which, in the case of automatic sensitivity and frequency response trimming 
and matching, can be derived directly from the difference signal between the measured 
sound levels and signal levels U ST «((v*en)+U 0 ') (v in this case denotes a gain factor and 
W a constant voltage parameter, for example the output voltage before sensitivity and 
frequency response matching). 

The supply impedance Z L can be controlled electronically by means of a controlled 
field-effect transistor for real values, and by means of a gyrator circuit for complex values. 
The control range of the microphone sensitivity via the supply impedance is up to 10 dB, 
depending on the microphone supply voltage (see Table 2). 
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£he One advantage of this type of sensitivity and frequency response control is that 
the circuit complexity is minimized, as well as the costs associated with it. The control 
range is sufficiently high for most applications. 

Th e invontiv e st e p for Accordingly, to an embodiment, the present invention 
5 provides sensitivity and frequency response trimming is by the separation of amplitude 
and phase information from the sound arriving at the microphones, which allows 
automatic trimming while microphones are being operated in an array. While the phase 
relationship is used to form the directional characteristic of an array, the amplitude 
relationship is available for trimming of the microphone sensitivities and of the amplitude 
10 frequency responses. Production tolerances relating to these microphone parameters can 
thus be compensated for, so that the desired frequency response and the directional 
characteristic of the overall arrangement are obtained. 

Th e inv e ntiv e step for According to an embodiment the present invention provides 
sensitivity control of microphones having an integrated FET preamplifier is by the use of 
15 the supply voltage or of the supply resistance to vary the FET operating point, and hence 
the gain of the FET preamplifier. 

The proposed inventive microphone trimming principle can be used for all multiple 
microphone arrangements whose directional sensitivity is obtained by using the phase 
relationships between the individual microphone signals. These microphone arrangements 
20 can sensibly be used wherever high-quality recording of acoustic signals is required in a 
noisy environment. The directional characteristic of these arrangements in this case 
allows acoustic noise (environmental noise, reverberation) away from the microphone 
major axis to be attenuated, and adjacent sound sources (other speakers) to be separated. 
By avoiding complex acoustic trimming, automatic microphone trimming allows 
25 considerable cost savings during production, and thus also makes it possible to use 
microphone arrays in consumer applications, for example in hands-free devices for 
communications terminals or for equipment voice control. Further applications of 
microphone arrays in which the invention can sensibly be used are conference 
microphones. 

30 The trimming principl e invention has already been implemented in a simple 

electronic circuit? and it s suitability has been tested using a second-order gradient 
microphone. Gradient microphones are formed by interconnecting two cardioid 
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microphones, whose sensitivity is automatically trimmed by means of the circuit. The 
sensitivity control for the microphone to be trimmed is carried out using the principles 
principl e d e scribed in Sootion 3.£ of the present invention . Microphone trimming operates 
even at low environmental noise levels (room volume) and is independent of the sound 
5 incidence direction. 

The sensitivity control for microphones with a built-in FET preamplifier can also 
advantageously be used for automatic control of microphone signal levels. These circuits 
are generally referred to as automatic gain control circuits. Practical applications for such 
circuits include all consumer equipment having a microphone recording channel (cassette 
1 0 recorders, dictation systems, (hands-free telephones . etcX 

Although the pres ent invention has been described with reference to specific 
embodiments, those of skill in the art will recognize that changes may be made thereto 
without departing from th e spirit and scope of the invention as set forth in the hereafter 
appended claims. 
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ABSTRACT 

Abstract 

M e thod and d e vic e for r e cording and procosoitig audio signals in an e nvironment filled 
with acoustic nois e 

5 In order to record and to process audio signals with a good useful-signal to noise- 

signal ratio in acoustic noise conditions and with a good ratio between the direct sound 
and the reflected sound in an environment which in particular has no reverberation 
electrical signals produced by conversion of audio signals recorded by a predetermined 
microphone arrangement are processed in such a manner that, if the sound pressure levels 

10 at the microphones in the microphone arrangement are the same, electrical signals which 
are produced by these microphones but are of different intensity - different sensitivities of 
the microphones - are automatically matched, that io to oay without any manual matching 
procedures needi»ged to be carried out individually and separately. The invontion A 
microphone arrangement is in this cas e based on th e idea of combining the characteristics 

15 of an array of microphones with those of a method for matching the sensitivity of 
microphones. 

Figure 2 
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Description 

Method and device for recording and processing audio 
signals in an environment filled with acoustic noise 

Previous methods and devices for recording and 
processing audio signals (for example speech and/or 
sound signals) in an environment filled with acoustic 
noise are based either on the use of a first-order 
directional microphone (gradient microphones) or on a 
microphone array having two or more individual 
microphones (for example ball microphones) . In the 
latter case, additional digital filters are used to 
match the frequency responses of the microphones. 

Both directional microphones and microphone arrays are 
covered by the generic term free-field microphones, 
whose directivity allows the useful sound and the 
acoustic noise to be separated, and whose output 
signals are added using the "delay and sum principle". 

Microphone arrays are arrangements of a number of 
microphones positioned physically separately, whose 
signals are processed such that the sensitivity of the 
overall arrangement is directional. The directivity 
results from the propagation time differences (phase 
relationships) with which a sound signal arrives at the 
various microphones in the array. Examples of this are 
so-called gradient microphones or microphone arrays 
which operate on the delay and sum beam-former 
principle. A problem that arises in the practical 
implementation of microphone arrays is the scatter, 
resulting from production tolerances, in the 
sensitivity and frequency response of the individual 
microphones used. The sensitivity in this case/ means 
the characteristic of a microphone to produce an 
electrical signal from a predetermined sound pressure 
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level. The frequency response represents the way in 
which the sensitivity of the microphone varies with 
frequency. The tolerance band stated by the microphone 
manufacturers is typically between ± 2 and ± 4 dB , If 
these microphone characteristics differ within a 
microphone 
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array, then this has a negative influence on the 
frequency response and the directional characteristic 
of the overall arrangement. As a rule, the frequency 
response has increased ripple, while the directivity is 
5 considerably reduced. In this context, Table 1 shows 
the reduction in the directivity index of a second- 
order gradient microphone (microphone array comprising 
two individual cardioid microphones) when the two 
individual microphones have different sensitivities. 
10 The directivity index in this case indicates the 
suppression of diffused incident sound compared to 
useful sound from the microphone major axis. 

Until now, the sensitivity and the frequency response 
15 of the individual microphones in an array have had to 
be determined by acoustic measurement and have had to 
be matched to one another by suitable electrical 
amplifiers and filters. The measurement includes the 
stimulation of the microphone to be measured using a 
20 sound reference signal produced via a loudspeaker, and 
the recording of the electrical signals produced by the 
microphones. The gain factors and filter parameters 
required for matching are then calculated from the 
microphone signals, and set as appropriate. 

25 

The acoustic measurement of the microphone parameters 
involves considerable technical complexity and results 
in corresponding costs for the production of microphone 
arrays. Furthermore, the trimming process is carried 
30 out during the production of the microphone array, so 
that it is applicable only to this one operating 
situation. Other operating situations, for example 
different supply voltages or aging effects of the 
microphones, are ignored. 
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A gradient microphone system is known from 
US-5, 463, 694, which is based on the idea that 
microphones essentially have the same frequency 
response and the same sensitivity. The term 
5 "sensitivity" means the characteristic of a microphone 
to 
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produce a predetermined electrical signal from a 
predetermined sound pressure level. 

The object on which the invention is based is to record 
5 and to process audio signals with a good useful-signal 
to noise-signal ratio in acoustic noise conditions and 
with a good ratio between the direct sound and the 
reflected sound in an environment which in particular 
has no reverberation. 

10 

This object is achieved by the features of patent 
claims 1 and 19. 

The idea on which the invention is based is the 
15 processing of electrical signals produced by conversion 
of audio signals recorded by a predetermined microphone 
arrangement in such a manner that, if the sound 
pressure levels at the microphones in the microphone 
arrangement are the same, electrical signals which are 
20 produced by these microphones but are of different 
intensity - different sensitivities of the microphones 
- are automatically matched, that is to say without any 
manual matching procedures needing to be carried out 
individually and separately. 

25 

The invention is in this case based on the idea of 
combining the characteristics of an array of 
microphones with those of a method for matching the 
sensitivity of microphones. 

30 

The advantages of this procedure are, firstly, simple 
implementation in conjunction with the (optimum) result 
achieved in the process and, secondly, the good 
relationship between the complexity of the microphone 
35 arrangement (arrays) and the result. 
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The result which can be achieved using the invention 
considerably better than the result which can 
achieved by using US Patent 
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5,463,694. This is shown in the following table: 

The table shows the relationship between the 
"difference between the sensitivity of the microphones 
5 (delta)" and the "directivity index" 



Delta (dB) 


Directivity index 
<dB) 


0 


8.7 


1 


8.4 


2 


8.1 


3 


7.8 


4 


7.5 


5 


7.2 


6 


6.9 



l 

Summary: The greater the .difference between the 
sensitivity of the microphones, the poorer is the 
10 directivity index. 

The method and the device allow an optimum directivity 
index to be achieved for the microphone arrangement for 
any environment filled with acoustic noise, since it 
15 always automatically matches the sensitivity of the 
microphones. 

One parameter for assessing a directional microphone is 
the directivity index. Expressed in clear terms, this 
20 means the extent to which diffuse (omnidirectional) 
incident sound is suppressed in comparison to useful 
sound from the major axis. In this case, the 
directivity index is a logarithmic variable, and is 
therefore expressed in decibels. 

25 

Advantageous developments of the invention are 
specified in the dependent claims. 
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The proposed solution preferably comprises an array of 
microphones and filters in order to match the 
sensitivity of the microphones and to achieve the 
desired array frequency response. 



O 

w 

H 
Q 

m 

rsi 

u 
hi 

a 
w 

o 



GR 99 P 2377 p 

- 5 - 

In comparison to known microphone arrays, which require 
complicated digital filters in order to match the 
frequency responses of the microphones, the proposed 
method and the proposed device require only the 
5 sensitivity to be matched. Furthermore, this can be 
achieved either by a simple digital filter, or by an 
analog circuit. 

With the proposed array, in which two simple 
10 directional microphones are used in the simplest case, 
directivity indexes are achieved which cannot be 
achieved with a single directional microphone. An array 
of ball microphones can achieve this result, but only 
by using more than two - microphones to form the array. 
15 Furthermore, preferably, a filter is required for each 
. microphone in order to match the frequency responses of 
the various microphones - 

In order to match the sensitivity of the microphones, 
20 the microphones should be stimulated using a sound 
source which is arranged at right angles to the axis of 
the microphones, in order to calculate the sensitivity 
correction. However, this is not always feasible in 
practice. 

25 

Alternatively, it is also possible to match the 
sensitivity independently of the position of the sound 
source. However, this is only feasible when the sound 
source has only low-frequency components whose 

30 wavelengths are much longer than the distance between 
the microphones. In a microphone arrangement having two 
microphones, the wavelength should, for example, be 
greater than twice the distance between the 
microphones, while the wavelength for a microphone 

35 arrangement having more than two microphones should be 
greater than the sum of the distances between the 
individual microphones . 
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Furthermore, the microphones are preferably positioned 
in pairs such that their major axes lie on a common 
axis. However, deviations from this are also 
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possible with regard to a tilt or adjustment angle, 
which can vary, for example, in the range between 0° 
and 40 °, and with respect to an offset distance which, 
for example, is less than or equal to the distance 
5 between the microphones. In all these different 
situations, there is preferably always one reference 
microphone with a reference major axis with respect to 
which each of the other microphones in the microphone 
arrangement is arranged at an adjustment angle to the 
10 major axis and at an offset distance from it. 

The signals from the microphones are processed, for 
example, by a block in order to match the sensitivity 
of the microphones. The sum and the difference are then 
15 formed from the two signals, and combined to form a 
linear combination in order to obtain a signal with a 
higher-order directional characteristic than that of 
the two microphones in the array. 

20 Finally, the signal is processed using a filter in 
order to achieve the desired array frequency response 
and sensitivity. 

Furthermore, it is advantageous if the microphone 
2 5 arrangement is a second-order gradient microphone 
(quadrupole microphone) formed with boundary surface 
(on an "acoustic boundary surface"; in acoustics, an 
"acoustic boundary surface" is a hard surface, for 
example a table in a room, a window pane or the roof in 
30 a car etc.) since this improves the ratio between the 
signal and the self-noise. In this case, the ratio 
between the useful signal and the environmental noise 
is furthermore increased when sound is recorded in 
situations with high environmental noise, for example 
35 in vehicles or in public spaces. The subjective 
comprehensibility of recorded speech is thus improved 
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in an environment with reverberation, for example in 
spaces with highly reflective walls (car, telephone 
cubicle, church) . 

The quadrupole microphone consists of a combination of 
two first-order gradient microphones with a cardioid 
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characteristic, whose output signals are subtracted 
from one another. This measure increases the 
directivity index from 4.8 to 10 dB. The directivity 
index in this case indicates the gain with which the 
5 useful signal incident on the microphone major axis is 
amplified in comparison to the diffuse incident noise 
signal. Suitable arrangement of the individual 
microphones in the quadrupole microphone on a boundary 
surface improves the useful signal sensitivity of the 
10 microphone by a further 6 dB, and significantly 
improves the useful signal to self-noise ratio of 
higher-order gradient microphones, which is in 
principle low in the lower frequency range. 

15 A major feature of the proposed solution is that the 
complexity involved in achieving improved useful 
signals is small in comparison to that of previous 
solutions. At the same time, the external dimensions of 
the boundary surface quadrupole microphone are less 

20 than with known arrangements of comparable directivity. 
The proposed arrangement avoids interference between 
the incident direct sound and the sound which is 
reflected by the boundary surface and can interfere 
with the directivity of a microphone close to a 

25 boundary surface. 

The boundary-surface construction of the gradient 

microphone raises the microphone useful signal incident 

on the major axis by 6 dB with respect to the 
30 microphone self-noise. 

Higher-order gradient microphones constructed with a 
boundary surface can be used sensibly wherever high- 
quality recording of acoustic signals is required in a 
35 noisy environment. In addition to high noise signal 
suppression, the high directivity of the microphone 
also achieves considerable suppression of reverberation 
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in rooms, so that this considerably improves the 
capability to understand speech, even in quiet rooms. 
Examples for the use of the proposed invention include 
hands-free devices for telephones and automatic voice 
recognition systems, as well as conference microphones. 
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Exemplary embodiments of the invention will be 
explained with reference to Figures 1 to 8 . 

The way in which the sensitivity trimming is carried 
5 out is shown in Figures 1 and 2. If the two microphones 
have approximately the same frequency response, 
sensitivity trimming in a restricted frequency range is 
sufficient to achieve the desired directivity over the 
entire transmission band. In practical situations, the 
10 condition of "equal frequency response" is satisfied to 
a good approximation. 

The filter illustrated in Figure 2 may advantageously 
be in the form of a low-pass filter with a cut-off 
15 frequency of, for example, 100 Hz. 

The possible applications for a second-order gradient 
microphone include all situations where good speech 
transmission is required in noisy surroundings. For 
20 example, this may be a microphone for a hands-free 
system in a car, or the microphone for a voice 
recognition system operating in the hands-free mode. 

Automatic trimming of microphone sensitivity 

25 

The proposed solution to the problem of microphone 
sensitivity trimming is based on automatic trimming of 
the microphone signal levels during operation of the 
microphones in an array. In this case, the existing 

30 environmental noise level or useful signal level is 
sufficient. The microphone signal levels and amplitudes 
recorded by the microphones are measured and are 
matched to one another independently of their 
respective phases. In this case, it must be assumed 

35 that the sound pressure levels arriving at the 
microphones are virtually the same, or that the 
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discrepancies are considerably less than the microphon 
sensitivity tolerance. This condition is satisfied whe 
the 



p 

u= 
UJ 

M 

□ 
ry 

f!l 

ru 
a 

W 

a 



GR 99 P 2377 P 

- 9 - 

distance between the sound source which dominates the 
sound level and the microphone array is considerably 
greater than the distance between the microphones to be 
trimmed, and no pronounced space modes occur. The' 
signal levels can be measured by any type of envelope 
curve measurement or by real root-mean-square value 
measurement. The time constant for this measurement 
must in this case be longer than the maximum signal 
propagation time between the microphones to be trimmed . 
The sensitivity trimming can be carried out by 
amplification or attenuation in the opposite sense to 
the discrepancy between the signal levels. 

Figure 3 shows the block diagram of the automatic 
microphone sensitivity trimming for n microphones in an 
array. Microphone 1 is in this case the reference 
microphone, to whose microphone signal level the levels 
of the other microphones 2 to n are matched. The 
circuit diagram is composed of blocks whose gain or 
attenuation is controllable and units ^for signal level 
measurement. The measured signal levels are used to 
produce difference or error signals e », which are used 
as the control variable for the variable amplifiers or 
attenuators. Overall, there are n-1 regulators, whose 
reference variable is the signal level of the reference 
microphone. In order to satisfy the distance condition 
mentioned in the previous paragraph, adjacent 
microphones can also be trimmed in pairs (not shown in 
Figure 3) . 

Figure 4 shows the block diagram of the automatic 
microphone sensitivity trimming for two microphones, 
with the signal levels of both microphones being 
regulated. The advantage of this solution over a 
solution with an unregulated reference microphone . as 
shown in Figure 3 is that there is less variance 
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between the output levels, since it is possible to use 
the mean sensitivity of the microphones for regulation. 



The automatic microphone trimming proposed here can be 
5 implemented easily in terms of circuitry and requires 
no further trimming steps, such as complex 
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acoustic trimming. This results in clear cost 
advantages even for small microphone array quantities. 
Furthermore, the method allows continuous trimming,, so 
that it is also possible to take account of changes in 
5 the microphone sensitivity occurring over time. 

Automatic trimming of the microphone frequency response 

Automatic microphone frequency response trimming is a 
10 generalization of microphone sensitivity trimming. For 
frequency trimming, it must be assumed that the 
spectral distribution of the sound arriving at the 
microphones in the frequency ranges in which 
compensation is to be carried out is similar, and that 
15 any discrepancies are well below the microphone 
frequency response tolerance bands. This condition is 
once again satisfied for a sound source located well 
. away in comparison to the distance between the 
microphones (see the distance condition, further 
20 above) . 

The trimming process is carried out in sub-bands of the 
microphone transmission frequency band, and can be 
carried out by equalization using either appropriate 

25 analog or digital filters. In the most obvious case, 
this is a filter structure comprising bandpass filters 
connected in parallel (as shown in Figure 5) or in 
series, and whose gains can be controlled independently 
of one another. The sum frequency response of the 

30 filters for the unregulated reference microphone 
(Figure 5 fil x i, fil x2 ... filxn) is flat in the desired 
transmission frequency band. The frequency response of 
the comparison microphone is compared to that of the 
reference microphone by raising or lowering (amplifying or 

35 attenuating) the filter sub-bands (fil y i, fil y2 ... filyn) . 
The control signals g lf g 2 , g n required to do this are 
derived directly from the error signals (g x - e x , g 2 ~ 
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e 2 ... g n ~ 6o) obtained for the individual frequency 
bands. A large, numbr of bandpass filters are usually 
required for precise trimming. 
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The complexity of the filter structure can be reduced 
considerably if those microphone parameters which are 
dominant in specific frequency bands, such as the 
configuration of the sound inlet opening, the 
5 front/back volume, the diaphragm flexibility and their 
electrical equivalent circuits are known, and 
discrepancies between microphones can be traced back to 
changes in individual parameters. The trimming process 
can be carried out with comparatively little complexity 
10 by means of appropriate equalization filters, which 
specifically counteract these discrepancies. 

Figure 6 shows the block diagram of a trimming 
apparatus which comprises a controllable equalization 
15 filter, weighting filters and level measurement units. 
The equalization filter is once again actuated via the 
difference signal e from the level measurement units, 
in which case both the amplitude and the phase 
frequency response are generally varied. 

20 

The advantages mentioned for sensitivity trimming also 
apply to automatic trimming of the microphone frequency 
response . 

2 5 Simple control of the sensitivity of microphones with 
an integrated amplifier, whose operating point can be 
adjusted by means of external circuitry, for example a 
field-effect transistor preamplifier (FET preamplifier) 

30 Virtually all the microphone capsules used currently in 
telecommunications and consumer applications are 
electret transducers with an integrated field-effect 
transistor preamplifier. These preamplifiers are used 
to reduce the very high microphone source impedance and 

35 to amplify the microphone signal. Generally, this 
represents the source circuit of a field-effect 
transistor. The operating point of the transistor, and 
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hence the sensitivity of the microphone as well, can be 
varied by varying the supply impedance and the supply 
voltage. The microphone frequency response can 
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be varied, provided not just real but also complex 
supply impedances are acceptable. 

Figures 7 and 8 each show the circuit for simple 
5 sensitivity and frequency response control of electret 
microphones, which does not require any external, 
controllable amplifiers or attenuators. The simplest 
implementation is for sensitivity and frequency 
response control via the microphone supply voltage U L , 

10 which, in the case of automatic sensitivity trimming or 
matching, can be derived directly from the difference 
signal between the measured sound levels or signal 
levels U L = (v-e n )+U 0 (v in this case denotes a gain 
factor and U a constant voltage parameter, for example 

15 the output voltage before sensitivity and frequency 
matching) . The control range of the microphone 
sensitivity by varying the microphone supply voltage is 
up to 25 dB, depending on the supply impedance (see 
Table 2) . 

20 

Alternatively, it is also possible to provide 
sensitivity and frequency response control in such a 
manner that the microphone supply impedance Z L [lacuna] 
with a control voltage U ST which, in the case of 

25 automatic sensitivity and frequency response trimming 
and matching, can be derived directly from the 
difference signal between the measured sound levels and 
signal levels U ST * ( ( v* e n ) +U 0 1 ) (v in this case denotes a 
gain factor and U 0 ' a constant voltage parameter, for 

30 example the output voltage before sensitivity and 
frequency response matching) . 

The supply impedance Z L can be controlled 
electronically by means of a controlled field-effect 
35 transistor for real values, and by means of a gyrator 
circuit for complex values. The control range of the 
microphone sensitivity via the supply impedance is up 
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to 10 dB, depending on the microphone supply voltage 
(see Table 2) . 

The advantage of this type of sensitivity and frequency 
response control is that the circuit complexity is 
minimized, 
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as well as the costs associated with it. The control 
range is sufficiently high for most applications. 

The inventive step for sensitivity and frequency 
response trimming is the separation of amplitude and 
phase information from the sound arriving at the 
microphones, which allows automatic trimming while 
microphones are being operated in an array. While the 
phase relationship is used to form the directional 
characteristic of an array, the amplitude relationship 
is available for trimming of the microphone 
sensitivities and of the amplitude frequency responses. 
Production tolerances relating to these microphone 
parameters can thus be compensated for, so that the 
desired frequency response and the directional 
characteristic of the overall arrangement are obtained. 

The inventive step for sensitivity control of 
microphones having an integrated FET preamplifier is 
the use of the supply voltage or of the supply 
resistance to vary the FET operating, point, and hence 
the gain of the FET preamplifier. 

The proposed microphone trimming principle can be used 
for all multiple microphone arrangements whose 
directional sensitivity is obtained by using the phase 
relationships between the individual microphone 
signals. These microphone arrangements can sensibly be 
used wherever high-quality recording of acoustic 
signals is required in a noisy environment. The 
directional characteristic of these arrangements in 
this case allows acoustic noise (environmental noise, 
reverberation) away from the microphone major axis to 
be attenuated, and adjacent sound sources (other 
speakers) to be separated. By avoiding complex acoustic 
trimming, automatic microphone trimming allows 
considerable cost savings during production, and thus 
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also makes it possible to use microphone arrays in 
consumer applications, for example in hands-free 
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devices for communications terminals or for equipment 
voice control. Further applications of microphone 
arrays in which the invention can sensibly be used are 
conference microphones* 

5 

The trimming principle has already been implemented in 
a simple electronic circuit, and its suitability has 
been tested using a second-order gradient microphone. 
Gradient microphones are formed by interconnecting two 

10 cardioid microphones, whose sensitivity is auto- 
matically trimmed by means of the circuit. The 
sensitivity control for ihe microphone to be trimmed is 
carried out using the principle described in Section 
3.3. Microphone trimming operates even at low 

15 environmental noise levels (room volume) and is 
independent of the sound incidence direction. 

The sensitivity control for microphones with a built-in 
FET preamplifier can also advantageously be used for 

20 automatic control of microphone signal levels. These 
circuits are generally referred to as automatic gain 
control circuits. Practical applications for such 
circuits include all consumer equipment having a 
microphone recording channel (cassette recorders, 

25 dictation systems, (hands-free) telephones) . 
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1. A method for recording and processing audio 
signals in an environment filled with acoustic 

5 noise, having the following features: 

(a) at least two microphones are arranged in 
pairs with a predetermined distance between the 
microphones, forming a microphone arrangement with 
respect to a sound source located in the 

10 environment filled with acoustic noise, 

(b) the microphones, a first microphone and at 
least one second microphone, are arranged with 
respect to a major axis, which is defined by the 
first microphone, in such a manner that the second 

15 microphone is arranged at a predetermined tilt or 

adjustment angle to the major axis and/or at a 
predetermined offset distance from the major axis 
and the first microphone, 

(c) electrical signals produced by the microphones 
20 by conversion from the recorded audio signals are 

processed in such a manner that, if the sound 
pressure levels at the microphones are the same, 
electrical signals which are produced by these micro- 
phones but are of different intensity - different 
25 sensitivities and/or different frequency responses 

of the microphones - are automatically matched. 

2. The method as claimed in claim 1, characterized in 
that, 

30 if the first microphone produces a first electrical 

signal and every second microphone each produces a 
second electrical signal, the first electrical 
signal and the second electrical signal, or the 
second electrical signals, are processed in pairs 

35 in such a manner that the respectively different 

sensitivities and/or frequency responses in the 
electrical signals produced by the microphones are 
automatically matched. 
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3. The method as claimed in 
that, when matching for 



claim 2, characterized in 
different sensitivities, 
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(a) the first electrical signal^ and the second 
electrical signal are filtered, 

(b) signal level differences are formed from the 
filtered electrical signals, 

(c) the respective signal levels of the 
unfiltered electrical signals are at least 
partially varied as a function of the signal level 
differences, until the signal level differences 
each essentially assume the value XN 0". 

The method as claimed in claim 3, characterized in 
that 

(a) sum signals and difference signals are in 
each case formed in pairs from the unfiltered 
electrical signals, 

(b) a joint useful signal is in each case formed 
from the respective sum signals and difference 
signals in order to achieve a higher-order 
directional characteristic by forming linear 
combinations and/or propagation time delays based 
on the "delay and sum principle", and 

(c) the useful signal is filtered in order to 
achieve the desired frequency response and the 
desired sensitivity. 

The method as claimed in claim 3 or 4, 
characterized in that 

the first electrical signal and the second 
electrical signal are filtered as required, for 
example low-pass, high-pass or bandpass filtered, 
when the sound source is arranged essentially at 
right angles to the major axis. 

The method as claimed in claim 3 or 4,- 
characterized in that 

the first electrical signal and the second 
electrical signal are low-pass filtered when the 
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sound source is not arranged essentially at right 
angles to the major axis and the wavelength of the 
low-pass-filtered frequencies with the microphone 
arrangement having two microphones is greater than 
twice the distance between the microphones, and, 
with the microphone arrangement having more than 
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two microphones, is greater than the sum of the 
distances between the individual microphones. 

The method as claimed in claim 2, characterized in 
that, when matching different sensitivities, 

(a) the signal levels of both the first 
electrical signal and the second electrical signal 
are measured, 

(b) signal level differences are formed from the 
measured signal levels of the electrical signals, 
and 

(c) the respective signal levels of the 
electrical signals are at least partially varied 
as a function of the signal level differences, 
until the signal level differences each 
essentially assume the value "0". 

The method as claimed in claim 7, characterized in 
that 

(a) sum signals and difference signals are in 
each case formed in pairs from the electrical 
signals, 

(b) a joint useful signal is in each case formed 
from the respective sum signals and difference 
signals in order to achieve a higher-order 
directional characteristic by forming linear 
combinations and/or propagation time delays based 
on the "delay and sum principle", and 

(c) the useful signal is filtered in order to 
achieve the desired frequency response and the 
desired sensitivity. 



The method as claimed in claim 2, 1 or 8, 
characterized in that, when matching different 
frequency responses, 
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(a) the first electrical signal and the second 
electrical signal are filtered n times where neN, 

(b) the signal levels of both the filtered first 
electrical signal and the filtered second 

5 electrical signal are measured, 

(c) signal level differences are formed from the 
measured signal levels of the filtered electrical 
signals, and 
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(d) the respective signal levels relating to the 
filtering of the electrical signals are at least 
partially varied as a function of the signal level 
differences until the signal level differences 
5 each essentially assume the value "0", 

10. The method as claimed in claim 9, characterized in 
that the first electrical signal and the second 
electrical signal are bandpass-filtered n times 

10 where neN. 

11. The method as claimed in claim 9 or 10 , 
characterized in that 

(a) sum signals and difference signals are in 
15 each formed in pairs from the first electrical 

signal or from a first total signal of the n-times 
filtered first electrical signal, and from a 
second total signal of the n-times filtered second 
electrical signal, 
20 (b) a joint useful signal is in each case formed 

from the respective sum signals and difference 
signals in order to achieve a higher-order 
directional characteristic by forming linear 
combinations and/or propagation time delays based 
25 on the "delay and sum principle", and 

(c) the useful signal is filtered in order to 
achieve the desired frequency response and the 
desired sensitivity. 

30 12. The method as claimed in claim 2, 1 or 8, 
characterized in that, when matching different 
frequency responses, 

(a) the first electrical signal and/or the second 
electrical signal are/is filtered for 

35 equalization, 

(b) the first electrical signal and the second 
electrical signal , are filtered for weighting, 
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(c) the signal levels of both the weighted first 
electrical signal and the weighted second 
electrical signal are measured. 
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(d) signal level differences are formed from the 
measured signal levels of the weighted electrical 
signals, and 

(e) the respective signal levels relating to the 
equalization filtering of the electrical signals 
are at least partially varied as a function of the 
signal level differences until the signal level 
differences each essentially assume the value "0". 

The method as claimed in claim 12, characterized 
in that 

(a) sum signals and difference signals are in 
each case formed in pairs from the first 
electrical signal or from the equalized first 
electrical signal, and from the equalized second 
electrical signals , 

(b) a joint useful signal is in each case formed 
from the respective sum signals and difference 
signals in order to achieve a higher-order 
directional characteristic by forming linear 
combinations and/or propagation time delays based 
on the "delay and sum principle", and 

(c) the useful signal is filtered in order to 
achieve the desired frequency response and the 
desired sensitivity. 

The method as claimed in one of claims 1 to 13, 
characterized in that 

the microphone arrangement is formed from two 
directional or gradient microphones. 

The method as claimed in one of claims 1 to 13, 
characterized in that 

the microphone arrangement is formed from three 
ball microphones. 
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16. The method as claimed in one of claims 1 to 15, 
characterized in that 

the tilt or adjustment angle is predetermined in 
such a manner that the tilt or adjustment angle is 
5 in the range between 0° and 40° - 
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The method as claimed in one of claims 1 to 16, 
characterized in that 

the offset distance is predetermined in such a 
manner that the offset distance is less than or 
equal to the distance between the microphones. 

The method as claimed in one of claims 1 to 17, 
characterized in that 

the microphone arrangement is arranged on an 
"acoustic boundary surface". 

A device for recording and processing audio signals 
in an environment filled with acoustic noise, 
having the following features: 

(a) at least two microphones are arranged in 
pairs with a predetermined distance between the 
microphones, forming a microphone arrangement with 
respect to a sound source located in the 
environment filled with acoustic noise, 

(b) the microphones, a first microphone and at 
least one second microphone, are arranged with 
respect to a major axis, which is defined by the 
first microphone, in such a manner that the second 
microphone is arranged at a predetermined tilt or 
adjustment angle to the major axis and/or at a 
predetermined offset distance from the major axis 
and the first microphone, 

(c) first filters filter a first electrical 
signal produced by conversion by the first 
microphone and a second electrical signal produced 
by conversion by each second microphone, with the 
signals having different sensitivities and/or 
frequency responses, 

(d) means for forming signal level differences 
produce signal level differences in pairs from the 
filtered electrical signals, and 
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(e) control means are connected to the means for 
forming signal level differences and are designed 
in such a manner that the respective signal levels 
of the unfiltered electrical signals are at least 
5 partially varied as a function of the signal level 

differences, until the 



signal level differences each essentially assume 
the value "0". 

The device as claimed in claim 19, characterized 
in that 

(a) sum formation means are provided, which in 
each case form sum signals and difference signals 
in pairs from the unfiltered electrical signals, 

(b) the means for forming linear combinations 
and/or propagation time delays are provided, which 
each form a joint useful signal from the 
respective sum signals and difference signals in 
order to achieve a higher-order directional 
characteristic based on the x Melay and sum 
principle", and 

(c) a second filter is provided, which filters 
the useful signal in order to achieve the desired 
frequency response and the desired sensitivity. 

The device as claimed in claim 19 or 20, 
characterized in that 

the first filter is a low-pass, high-pass or 
bandpass filter, when the sound source is arranged 
essentially at right angles to the major axis. 

The device as claimed in claim 21, characterized 
in that 

the first filter is a low-pass filter when the 
sound source is not arranged essentially at right 
angles to the major axis and the wavelength of the 
low-pass-filtered frequencies with the microphone 
arrangement having two microphones is greater than 
twice the distance between the microphones, and, 
with the microphone arrangement having more than 
two microphones, is greater than the sum of the 
distances between the individual microphones. 
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23. A device for recording and processing audio 
signals in an environment filled with acoustic 
noise, having the following features: 
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(a) at least two microphones are arranged in 
pairs with a predetermined distance between the 
microphones, forming a microphone arrangement with 
respect to a sound source located in the 

5 environment filled with acoustic noise, 

(b) the microphones, a first microphone and at 
least one second microphone, are arranged with 
respect to a major axis, which is defined by the 
first microphone, in such a manner that the second 

10 microphone is arranged at a predetermined tilt or 

adjustment angle to the major axis and/or at a 
predetermined offset distance from the major axis 
and the first microphone, 

(c) means for measuring signal levels measure 
15 signal levels from a first electrical signal 

produced by conversion by the first microphone and 
from a second electrical signal produced by 
conversion by each second microphone, with the 
signals having different sensitivities, 
20 (d) means for forming signal level differences 

produce signal level differences in pairs from the 
measured electrical signals, and 

(e) control means are connected to the means for 
forming signal level differences and are designed 
25 in such a manner that the electrical signal are at 

least partially varied as a function of the signal 
level differences relating to the respective 
signal level, until the signal level differences 
each essentially assume the value "0". 

30 

24. The device as claimed in claim 23, characterized 
in that 

(a) sum formation means are provided, which in 
each case form sum signals and difference signals 

35 in pairs from the electrical signals, 

(b) the means for forming linear combinations 
and/or propagation time delays are provided, which 
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each form a joint useful signal from the 

respective sum signals and difference signals in 

order to achieve a higher-order directional 

characteristic based on the "delay and sum 
5 principle", and 
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(c) a filter is provided, which filters the 
useful signal in order to achieve the desired 
frequency response and the desired sensitivity. 

A device for recording and processing audio 
signals in an environment filled with acoustic 
noise, having the following features: 

(a) at least two microphones are arranged in 
pairs with a predetermined distance between the 
microphones, forming a microphone arrangement with 
respect to a sound source located in the 
environment filled with acoustic noise, 

(b) the microphones, a first microphone and at 
least one second microphone, are arranged with 
respect to a major axis, which is defined by the 
first microphone, in such a manner that the second 
microphone is arranged at a predetermined tilt or 
adjustment angle to the major axis and/or at a 
predetermined offset distance from the major axis 
and the first microphone, 

(c) filters filter a first electrical signal 
produced by conversion by the first microphone and 
a second electrical signal produced by conversion 
by each second microphone, with the signal having 
different frequency responses n times where neN, 

(d) means for measuring signal levels measure 
signal levels of the filtered first electrical 
signal and of the filtered [lacuna] , 

(d) means for forming signal level differences 
produce signal level differences in pairs from the 
filtered electrical signals, and 

(f) control means are connected to the means for 
forming signal level differences and are designed 
in such a manner that the respective signal levels 
of the filtering of the electrical signals are at 
least partially varied as a function of the signal 
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level differences until the signal level 
differences each essentially assume the value "0". 
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The device as claimed in claim 25, characterized 
in that 

the filter is a bandpass filter. 

The device as claimed in claim 25 or 26, 
characterized in that 

(a) sum formation means are provided, which in 
each case form sum signals and difference signals 
in pairs from the first electrical signal or from 
a first total signal of the n-times filtered first 
electrical signal, and from a second total signal 
of the n-times filtered second electrical signal, 

(b) the means for forming linear combinations 
and/or propagation time delays are provided, which 
each form a joint useful signal from the 
respective sum signals and difference signals in 
order to achieve a higher-order directional 
characteristic based on the "delay and sum 
principle", and 

(c) a filter is provided, which filters the 
useful signal in order to achieve the desired 
frequency response and the desired sensitivity. 

A device for recording and processing audio 
signals in an environment filled with acoustic 
noise, having the following features; 

(a) at least two microphones are arranged in 
pairs with a predetermined distance between the 
microphones, forming a microphone arrangement with 
respect to a sound source located in the 
environment filled with acoustic noise, 

(b) the microphones, a first microphone and at 
least one second microphone, are arranged with 
respect to a major axis, which is defined by the 
first microphone, in such a manner that the second 
microphone is arranged at a predetermined tilt or 
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adjustment angle to the major axis and/or at a 
predetermined offset distance from the major axis 
and the first microphone, 

(c) equalization filters filter a first 
electrical signal produced by conversion by the 
first microphone and a ' 



/ 



second electrical signal produced by conversion by 
each second microscope, with the signals having 
different frequency responses, 

(d) weighting filters filter the first electrical 
signal and the second electrical signal, 

(e) means for" measuring signal levels measure the 
signal levels of the filtered first electrical 
signal and of the filtered second electrical 
signal, 

(f) means for forming signal level differences 
produce signal level differences in pairs from the 
filtered electrical signals, and 

(g) control means are connected to the means for 
forming signal level differences and are designed 
in such a manner that the respective signal levels 
of the equalization filtering of the electrical 
signals are at least partially varied as a 
function of the signal level differences until the 
signal level differences each essentially assume 
the value M 0". 

The device as claimed in claim 28, characterized 
in that 

(a) sum formation means are provided, which in 
each case form sum signals and difference signals 
in pairs from the first electrical signal or from 
the equalized first electrical signal, and from 
the equalized second electrical signal. 

(b) the means for forming linear combinations 
and/or propagation time delays are provided, which 
in each case form a joint useful signal from the 
respective sum signals and difference signals in 
order to achieve a higher-order directional 
characteristic based on the "delay and sum 
principle", and 
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(c) a filter is provided, which filters the 
useful signal in order to achieve the desired 
frequency response and the desired sensitivity. 



30. The device as claimed in one of claims 19 to 29, 
characterized in that, if the microphone is in 



the" form of a microphone with an integrated 
amplifier whose operating point can be adjusted by 
means of external circuitry, the control means are 
designed in such a manner that 

(a) the sensitivity and/or the frequency response 
can be controlled via a microphone supply voltage 
which is obtained from the sum of a constant 
voltage and the product of a signal level 
difference signal and a gain factor, or 

(b) a microphone feed impedance can be adjusted 
via a physical control variable, which is 
proportional to the product of a signal level 
difference signal and a gain factor, supplemented 
by a constant variable, in such a manner that the 
sensitivity and/or the frequency response are 
controllable . 

The device as claimed in one of claims 19 to 30, 
characterized in that 

the microphone arrangement has two directional or 
gradient microphones. 

The device as claimed in one of claims 19 to 30, 
characterized in that 

the microphone arrangement has three ball 
microphones - 

The device as claimed in one of claims 19 to 32, 
characterized in that 

the tilt or adjustment angle is predetermined in 
such a manner that the tilt or adjustment angle is 
in the range between 0° and 4 0°. 

The device as claimed in one of claims 19 to 33, 
characterized in that 

the offset distance is predetermined in such a 
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manner that the offset distance is less than 
equal to the distance between the microphones. 

The device as claimed in one of claims 19 to 
characterized in that 

the microphone arrangement is arranged on 
acoustic boundary surface. 
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Abstract 

Method and device for recording and processing audio 
signals in an environment filled with acoustic noise 

In order to record and to process audio signals with a 
good useful-signal to noise-signal ratio in acoustic 
noise conditions and with a good ratio between the 
direct sound and the reflected sound in an environment 
which in particular has no reverberation electrical 
signals produced by conversion of audio signals 
recorded by a predetermined microphone arrangement are 
processed in such a manner that, if the sound pressure 
-levels at the microphones in the microphone arrangement 
are the same, electrical signals which are produced by 
these microphones but are of different intensity - 
different sensitivities of the microphones - are 
automatically matched, that is to say without any 
manual matching procedures needing to be carried out 
individually and separately. The invention is in this 
case based on the idea of combining the characteristics 
of an array of microphones with those of a method for 
matching the sensitivity of microphones. 



Figure 2 
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Declaration#id Power of Attorn evpFor ^tent Appric&fj§rgQ(}| 
Erklarung Fur Patentanmeldungen Mit Vollmacht 

German Language Declaration 

Als nachstehend benannter Erfinder erklSre ich hiermit As a below named inventor, I hereby declare that: 

an Eides Statt; 



dass mem Wohnsitz, meine Postanschrift, und meine My residence, post office address and citizenship are 

Staatsangehfirigkeit den im Nachstehenden nach as stated below next to my name, 

meinem Namen aufgefuhrten Angaben entsprechen, 



dass ich, nach bestem Wissen der ursprungliche, erste 
und alleinige Erfinder (falls nachstehend nur ein Name 
angegeben ist) oder ein ursprunglicher, erster und 
Miterfinder (falls nachstehend mehrere Namen 
aufgefuhrt sind) des Gegenstandes bin, fur den dieser 
Antrag gestellt wird und fur den ein Patent beantragt 
wird fur die Erfindung mit dem Titel: 

Verfahren und Einrichtung zum 
Aufnehmen und Bearbeiten von 

Audiosignalen |n einer 

stoerschallerfuellten Umgebung 



I believe I am the original, first and sole inventor (if only 
one name is listed below) or an original, first and joint 
inventor (if plural names are listed below) of the 
subject matter which is claimed and for which a patent 
is sought on the invention entitled 



Method and device for receiving and 
treating audiosignals in surroundings 
affected bv noise 



deren Beschreibung 

(zutreffendes ankreuzen) 

hier beigefugt ist. 

am 20.03.2000 als 
PCT Internationale Anmeldung 

PCT Anmeidungsnummer PCT/DE00/00859 

eingereicht wurde und am 

abgeandert wurde (falls tatsachlich abgeandert). 



the specification of which 

(check one) 

□ is attached hereto. 

S was filed on 20.03.2000 as 

PCT international application 

PCT Application No. PCT/DE0Q/Q0859 

and was amended on 

(if applicable) 



ich bestatige hiermit, dass ich den Inhalt der obigen 
Patentanmeldung einschliesslich der AnsprQche 
durchgesehen und verstanden habe, die eventuell 
durch einen Zusatzantrag wie oben erwahnt abgean- 
dert wurde. 



I hereby state that I have reviewed and understand the 
contents of the above identified specification, including 
the claims as amended by any amendment referred to 
above. 



Ich erkenne meine Pflicht zur Offenbarung trgendwel- 
cher Informationen, die fur die Prufung der vorliegen- 
den Anmeldung in EinkJang mit Absatz 37, Bundes- 
gesetzbuch, Paragraph 156(a) von Wichtigkeit sind, 
an. 



1 acknowledge the duty to disclose information which is 
material to the examination of this application in 
accordance with Title 37, Code of Federal Regulations, 
§1.56(a). 



Ich beanspruche hiermit auslandische Prioritatsvorteile 
gem ass Abschnitt 35 der Zivilprozessordnung der 
Vereinigten Staaten, Paragraph 119 aller unten ange- 
gebenen Auslandsanmeldungen for ein Patent oder 
eine Erfindersurkunde, und habe auch alle Auslands- 
anmeldungen for ein Patent Oder eine Erfindersurkun- 
de nachstehend gekennzeichnet, die ein Anmelde- 
datum ha ben, das vor dem Anmeldedatum der 
Anmeldung liegt, fur die Prioritat beansprucht wird. 



I hereby claim foreign priority benefits under Title 35, 
United States Code, §119 of any foreign application(s) 
for patent or inventor's certificate listed below and have 
also identified below any foreign application for patent 
or inventor's certificate having a filing date before that 
of the application on which priority is claimed: 
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Patent and Trademark Ofifice-U.S. DEPARTMENT OF COMMERCE 



Prior foreign appptications 
Prior itat beans prucht 



19912525.2 DE 
(Number) (Country) 
(Nummer) (Land) 



19934724 .7 
(Number) 
(Nummer) 



(Number) 
(Nummer) 



DE 

(Country) 
(Land) 



(Country) 
(Land) 



German Language Declaration 



19.03.1999 

(Day Month Year Filed) 

(Tag Monat Jahr eingereicht) 



23.07.1999 

(Day Month Year Filed) 

(Tag Monat Jahr eingereicht) 



(Day Month Year Filed) 
(Tag Monat Jahr eingereicht) 



Priority) Claimed 



Yes 
Ja 



□ 
No 
Nein 



M □ 
Yes No 
Ja Nein 



□ 

Yes 

Ja 



□ 
No 
Nein 



Ich beanspruche hiermit gemass Absatz 35 der Zh/il- 
prozessordnung der Vereinigten Staaten, Paragraph 
120, den Vorzug a Her unten aufgefuhrten Anmel- 
dungen und falls der Gegenstand aus jedem Anspruch 
dieser Anmeldung nicht in einer fruheren 
amerikanischen Patentanmeldung laut dem ersten 
Paragraphen des Absatzes 35 der Zivilprozefiordnung 
der Vereinigten Staaten, Paragraph 122 offenbart ist, 
erkenne ich gemass Absatz 37, Bundesgesetzbuch, 
Paragraph 1.56(a) meine Pfiicht zur Offenbarung von 
Informationen an, die zwischen dem Anmeldedatum 
der fruheren Anmeldung und dem nationalen oder PCT 
internationalen Anmeldedatum dieser Anmeldung 
bekannt geworden sind. 



I hereby claim the benefit under Title 35. United States 
Code. §120 of any United States application s) listed 
below and, insofar as the subject matter of each of the 
claims of this application is not disclosed in the prior 
United States application in the manner provided by 
the first paragraph of Title 35, United States Code, 
§122, I acknowledge the duty to disclose material 
information as defined in Title 37, Code of Federal 
Regulations, § 1.56(a) which occured between the filing 
date of the prior application and the national or PCT 
international filing date of this application. 



PCT/DEOO/00859 
(Application Serial No.) 
(Anmeld eseriennummer) 



20.03.2000 



(Application Serial No.) 
(Anmeldeserienn u mmer) 



(Filing Date D, M. Y) 
(Anmeldedatum T\ M, J) 



(Filing Date D.M.Y) 
(Anmeldedatum T, M; J) 



anhanqiq 

(Status) 

(patent iert. anhSngig, 
aufgegeben) 



(Status) 

(patentieft, anhdngig, 
aufgeben) 



pending 

(Status) 

(patented, pending, 
abandoned) 



(Status) 

(patented, pending, 
abandoned) 



Ich erklare hiermit, dass aile von mir in der vortiegen- 
den Erklarung gemachten Angaben nach meinem 
besten Wissen und Gewissen der vollen Wahrheit 
entsprechen, und dass ich diese eidesstattliche Erkla- 
rung in Kenntnis dessen abgebe, dass wissentlich und 
vorsatzlich falsche Angaben gemass Paragraph 1001, 
Absatz 18 der Zivilprozessordnung der Vereinigten 
Staaten von Amerika mit Geldstrafe belegt und/oder 
Gefangnrs bestraft werden koennen, und dass derartig 
wissentlich und vorsatzlich falsche Angaben die Gul- 
tigkeit der vorliegenden Patentanmeldung oder eines 
darauf erteilten Patentes gefahrden konnen. 



I hereby declare that all statements made herein of my 
own knowledge are true and that ail statements made 
on information and belief are believed to be true, and 
further that these statements were made with the 
knowledge that willful false statements and the like so 
made are punishable by fine or imprisonment, or both, 
under Section 1001 of Title 18 of the United States 
Code and that such willful false statements may 
jeopardize the validity of the application or any patent 
issued thereon. 
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German Language Declaration^ 



VERTRETUNGSVOLLMACHT: Als benannter Erfinder 
beauftrage ich hiermit den nachstehend benannten 
Patentanwalt (oder die nachstehend benannten 
Patentanwalte) und/oder Patent-Agenten mit der 
Verfolgung der vorliegenden Patentanmeldung sowie 
mit der Abwicklung aller damit verbundenen Geschafte 
vor dem Patent- und Warenzeichenamt: (Name und 
Registrationsnummer anfuhren) 



Customer No. 



POWER OF ATTORNEY; As a named inventor, I 
hereby appoint the following attorney(s) and/or 
agent(s) to prosecute this application and transact all 
business in the Patent and Trademark Office 
connected therewith, (list name and registration 
number) 



And I hereby appoint 



Telefongesprache bitte richten an: 
(Name und Telefonnummer) 



Direct Telephone Calls to: (name and telephone 
number) 



Ext. 



Postanschrift Send Correspondence to: 

B ell, Boyd j yJoydXLC 

Thre<^ 

TeTephbne: (U0T)312372 1 1 21 andj|[acsif^^ 20 98 

_ — . or 

Customer No. 



Voller Name des einzigen oder ursprunglichen Erfinders: 

JDgJfrQLAND AUBAUER — 


Pull name of sole or first inventor 

PfHROLAND AUBAUER 


Udter^chrfi dot Enlndfirfrar*/ Datum 


Ihve^or'ajkigjfature / fj Date 


Wbhnsitz 

BOCHQlJVIiE UTSCH LA N D C Du^/- 


Residence ^ / 

BOCHOLT, GERMANY fC)^L 


Staatsangehorigkeil 


Citizenship 


Postanschrift 

MUSSUMER KIRCH WEG 174 


Post Office Addess 

MUSSUMER KIRCH WEG 174 


46395 BOCHOLT 


46395 BOCHOLT 


Voller Name des zweiten MHeifinders (rails zutreffend): 

RALF KPRN 


Full name of second joint inventor, if any: 

RALE-KERN 


Unters^bwft des Erfinders Datum 


SecapdJnventor*s signature Date 


BOCJHQUVeEUTSCHLAND cbC^T 


Residence X f 

BOCHOLT? GERMANY K l)j£SL 


DE 


Citizenship 

DE 


Postanschrift 

HILDEGARDISSTR. 1 


Post Office Address 

HILDEGARDISSTR. 1 


46399 BOCHOLT 


46399 BOCHOLT 



{Bitte entsprechends informationen und Unterschriften im (Supply similar information and signature for third and 
Falie von dritten und weiteren Mtterfindern angeben). subsequent joint inventors). 
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Patent and Trademark Office-U.S. Department of COMMERCE 



Vollsr Name des drittcn Miterfi riders: 

Dr ^TFPANJO AMIRRfV^II ir\ IMlfP 

I— " - O I CrnlNvJ /A I VI D t\ WO I \J O rvHINrXtZ 


Full name of third joint inventor: 

Dr. STEFANO AMBROStUSTKLINKE *J?IA/ 


Untersohrift des Erfinders / . i Datum 


Inventors signature / Date 
yC/A ^ A \CfjC-[G? 7<^->\oi 


DUSSELDORF, DEUTSCHLAND 


Residence ^ . 
DUSSELDORF RFRMANY fx\rV 


DE 


Citizenship 

DE 


HANS-VILZ-WEG 23 


Post Office Address 

HANS-VILZ-WEG 23 


40489 DUSSELDORF 


40489 DUSSELDORF 


Dr DIETER LEPK^CHAT 


Full name of fourth joint inventor: yt 

Dr. DIETER-LJECKSCHAT r 




Inventor's signature Date 


Wohnsitz 

BOCHOLT, DEUTSCHLAND 


Residence v _ / 

BQCHQLT, GERMANY 'jJl'V 


SlaatsangeWrigkelt 

DE 


Citizenship 

DE 


DEGENER STR. 16 


Post Office Address 

DEGENER STR. 16 


46397 BOCHOLT 


46397 BOCHOLT 




Full name of fifth joint inventor: 


Untersohrift des Erfinders Datum 


Inventor's signature Date 




Residence 




Citizenship 




Post Office Address 






Voller Name des sechsten Mrterfinders: 


Full name of sixth joint inventor: 


Unterschrift des Erfinders Datum 


Inventor's signature Qate 




Residence 


Staalsang chorigkeit 


Citizenship 




Post Office Address 







Falte von drttten und werteren Miterfindem angeben). 



subsequent joint inventors). 
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